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ABSTRACT
When non-linearity is present in sound signal circuits, the
quality of the reproduced programme may be impaired. It would be
convenient if some objective measure of the non-linearity could be 
used to estimate, with reasonable accuracy, the degree of subjective 
impairment that the programme would suffer. This would then reduce 
the need for listening tests in the quality assessment of sound 
programme circuits. It has long been recognised that the conventional 
total harmonic distortion measurements are not in good agreement with
the results of subjective listening tests.
This thesis presents an investigation of new objective methods 
of using pseudo-random noise as a test signal in the measurement of 
sound signal non-linearity. The degree of correlation.between the 
results of these non-linearity measurements and subjective estimates of 
sound programme quality impairment is examined.
Subjective listening tests were conducted to assess the sound 
programme quality impairment introduced by several non-linear circuits, 
including circuits in which non-linearity was predominant at high 
signal-frequencies.
Possible methods of measuring the non-linearity products of a 
full audio bandwidth noise-like test signal are discussed and detailed 
descriptions are given of the development of two novel methods of 
measurement which use comb-filter techniques to separate the non- 
linearity products from the test signal. A single comb-filter method ? 
which also requires frequency shifters, is first described and possible 
ways of improving the method are discussed. An improved measurement 
method, referred to as the double comb-filter method, is then 
developed.
Both comb-filtering methods gave measurement results which 
agreed well with those of the subjective listening tests, and this 
agreement was much better than that obtained by measurements of total 
harmonic distortion.
During the work, emphasis was placed on the importance of 
developing measurement methods which could be relatively inexpensive 
to instrument.
Possible ways of applying the double comb-filter method to. the 
measurement of other sound signal distortions (e.g. "wow" and "flutter", 
quantising distortion and linear distortion) are discussed.
Apparatus developed for the double comb-filter method uses 
mainly digital processing, and with the advent of inexpensive large- 
scale digital integrated circuits, the cost of instrumenting the method 
is expected to be less than for the total harmonic distortion method 
used at present.
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CHAPTER 1
INTRODUCTION
1.1. PURPOSE OF PROJECT
When non-linearity is present in sound signal circuits, the 
quality of the reproduced programme may be impaired. It would be con­
venient if some objective measure of the non-linearity could be used 
to estimate, with reasonable accuracy, the degree of subjective 
impairment that the programme would suffer.
The purpose of the work described in this thesis is to investi­
gate the application of noise-like test signals to the measurement of 
sound signal non-linearity, une benefit of a successful outcome of the 
work would be a reduced need for subjective listening tests. This 
would be a result of devising an objective test method which obtained 
better agreement between objective measurement and subjective assess­
ment than is obtained by the total harmonic distortion method used at 
present.
1.2. REVIEW OF PREVIOUS WORK
Traditionally, the non-linearity distortion of a sound signal 
circuit has been measured objectively by using a sine-wave test signal 
and expressing the amount of non-linearity as the ratio, measured at 
the output of the test circuit, of the power level of the harmonic 
distortion products to the power level of the fundamental. This ratio 
is known as the total harmonic distortion and is sometimes quoted as a 
percentage, but in this thesis it will be given as a decibel ratio.
A total harmonic distortion test is useful in maintenance test­
ing of circuits for which an acceptable figure for the total harmonic 
distortion has been determined by listening tests, and it has the
advantage that the equipment required for such maintenance or routine
1 2 5 ktesting is not expensive. It has long been recognised, ’ ’ ’ however,
that total harmonic distortion measurements generally do not give a
good indication of the subjective impairment due to non-linearity, and
in 19p0, in an effort to provide improved subjective agreement,
1Shorter proposed that the measurement of distortion should be weighted 
to take more account of high-order harmonics. In i960 Wigan conducted 
a study which was more extensive than Shorter’s, and proposed an 
improved v/eighting criterion to be applied to the harmonics of a 1kHz 
test signal. For experimental convenience his subjective data was
obtained using a pulsed tone as the programme signal, and non-linearity 
distortion was produced by an arrangement which assumed that the amount 
of total harmonic distortion was independent of the applied signal 
level. A 1kHz test-signal was chosen as it enabled a large number of 
harmonics to be retained within the audio bandwidth and was in the 
region for which aural sensitivity to non-linear distortion was found 
to be at a maximum.
Wigan's findings were of limited application as no way was 
suggested by which his weighting criterion could predict the unpleas­
antness of distorted programme signals. He recognised that the study 
should be extended to include more complex programme signals which 
would be more representative of broadcast programme material. He had 
also not included circuits in which the amount of distortion was a 
function of signal frequency and applied signal level.
When a complex programme signal suffers non-linear distortion,
spurious signals arise by intermodulation between the spectral
components of the programme signal. There are two accepted objective
methods of measuring the amount of intermodulation distortion of an
audio frequency circuit: the method adopted by the Society of Motion
Picture, and Television Engineers (SMPTE) was first proposed by 
3Hilliard in 19^6* and the method adopted by the International Telephoni
Consultative Committee (CCIF) was proposed by Scott^ in 19^3* Both
methods use two simultaneously applied sine-waves as a test signal, but
different frequency spacings are used. The SMPTE method uses' 60Hz and 
ScoVV W A W & .
3kHz, and the 6S-IF- method 3kHz and 3*03kHz. The SMPTS-method is
designed to be more sensitive to low-frequency non-linearity distortion,
whereas the SsSS2- method is sensitive only to distortion in the region
of 3kHz.
In order to obtain a more complete knowledge of the variation 
of non-linear distortion with frequency it would be necessary to make 
many measurements of intermodulation distortion using two test 
frequencies each at a different centre frequency. This type of inter- 
modulation test has been found to be of use in research on improving 
the performance of loudspeaker units'^. The result of such a test is a 
plot of distortion versus centre frequency; this is of use in 
determining irregularities in response, but no method exists for using 
this plot to predict the unpleasantness of distorted programme signals.
6In 19^5» Brockbank and Wass published a paper, which presented 
a mathematical analysis of the interraodulation spectrum generated by a 
multi-frequency programme signal. In their analysis they made the
assumption that the input/output transfer characteristic of the net­
work under study can be expressed as a power series independent of the 
frequency in the working band. Their objective was to enable the 
distortion spectrum of a multi-frequency input signal to be predicted 
from knowledge of the distortion spectrum generated by a single­
frequency input signal. This prediction would then enable a practical 
estimate of the spectrum and power of the distortion products generated 
by a programme signal to be obtained simply by measuring the harmonic 
levels generated by a single-frequency test signal.
One interesting result which they give is that if the programme 
signal is assumed to be represented by n tones, each of equal power, 
and if n is greater than 30, then the contribution to the total dis­
tortion power due to harmonic products is at least two orders of magni­
tude less than that due to intermodulation products. Brockbank and 
Wass have stated that for complex signals such as those produced by 
speech and music, n is large enough to assume that the distortion 
power level contributed by harmonic products can generally be ignored. 
They then derive an equation for the total distortion power, assuming 
that n is large enough for harmonic products to be ignored. This 
equation is given in Appendix II and shows that the total power level 
of the distortion signal gives more weight to products generated by 
higher order terms in the power series.
It is interesting to note that this is effectively what Wigan 
and Shorter recommend for improved subjective agreement with a single­
frequency test signal.
It would therefore appear that a band-limited noise signal 
would be a good test signal for sound-signal non-linearity measurements 
as the power level of the distortion signal is then weighted in favour 
of higher order terms.
7In 1963, Danes reported the use of a one-third octave band of 
noise centred on 8kHz for testing interraodulation distortion in a sound 
signal broadcasting system, and he found useful correlation between the 
measured low-frequency noise power generated from the test signal and 
the subjective impairment of normal programme signals.
Noise-like test signals have in the past been applied to the 
routine objective non-linearity testing of various low quality sound-
g
signal transmission systems, e.g. multi-channel communication systems
Q
and p.c.m. codecs for speech signals. The popularity of this type of
test, stems from the fact that the statistical properties of a speech
4re.o^ e$-
signal a-re known t-o be—cloooly gaussian, and therefore the unwanted
u>aa coiyai^ efe^ *
noise power spectrum generated by a noise-like test signal^:©*#: be a 
good estimate of that produced by speech signals.
10In 1970* the CCIR proposed for study, by various member broad­
casting organisations, a standard test signal for use in measuring 
crosstalk and non-linearity in high quality sound signal transmission 
circuits. The proposal was for a test signal produced by shaping the 
spectrum of a random noise signal so that it represented an average 
programme signal.
11In 197'l» Nikaido and Nitatori, of the NHK reported their study 
of non-linearity measurements on sound broadcasting circuits using noise 
as a test signal. The test signal used was similar to that proposed by 
the CCIR, but with a \ octave wide spectral gap inserted. The position 
of the spectral gap could be moved in -J- octave steps to cover most of 
the audio-frequency range, and distortion products were selected in 
this gap by a octave wide filter. The result of each test was a plot 
of distortion versus centre frequency. Their reported measurements 
were entirely objective, with no mention of subjective evaluations of 
the test circuits.
In the BBC, routine tests for non-linearity are made by measur­
ing the harmonic distortion of a 1kHz tone when applied to a test . 
circuit at a level. 2dB higher than the nominal quasi-peak value of the 
programme signal. Routine tests using this high power-level were 
reported to cause undesirable levels of crosstalk interference in 
•carrier* transmission circuits rented from the Post-Office. As the 
use of carrier circuits was likely to increase, the BBC undertook to 
assess the standard test signal proposed by the CCIR in the hope that 
crosstalk problems would be less severe, and that routine tests for 
non-linearity using this test signal would give at least as much 
information as was provided by the total harmonic distortion method.
Accordingly, in 1971 the BBC Designs Department undertook a 
short assessment of ways of using the CCIR standard test signal for the 
measurement of sound signal distortion. In the form proposed by the 
CCIR the standard test signal had no spectral gap in which to detect 
non-linearity products and was therefore only suited to crosstalk 
measurements. The. BBC Designs Department therefore proposed a variant 
of the test signal, having a spectral gap. between 3*5kHz and the upper 
limit of the audio band, and conducted informal tests to study its use 
in routine tests for non-linearity.
The results of their informal tests indicated that the degree 
of correlation between distortion measurements using the noise-like
test signal (test-noise signal), and subjective assessments of the 
threshold of impairment of a programme item for four test circuits was 
at least as good as was obtained using a routine total harmonic dis­
tortion test, and was probably better.
In 1972 the work was then handed over to the BBC Research 
Department for further assessment. The responsibility for this work 
was given to the author. Outline descriptions of this early investi­
gation and the later, more novel, work described in the main body of 
this thesis are given in Section 1.3*
1.3. OUTLINE OF PROJECT.
The project began early in 1972 with an initial investigation 
into the test method (described in Section 1.2) originated by the BBC 
Designs Department. Their listening tests and measurements were 
repeated and within expected limits of experimental error their findings 
were corroborated. One modification v/as then made to their test method 
in order to improve measurement accuracy: the thermal white-noise
source was replaced by a digitally generated pseudo-random noise source. 
One problem experienced \iith the thermal noise source has been that its 
power output varied with ambient temperature. The use of a digitally 
generated noise signal provided a power output which did not vary with 
temperature. There was also a problem experienced in the measurement 
of non-linearity products (noise-separation): the amplitude of these
products fluctuated over a wide range and because of their random 
occurence a meter with a long integration time (10 seconds or so) was 
required. The use of a pseudo-random noise signal provided the addition­
al advantage that a meter with a much shorter integration time (a peak- 
programme meter) could be employed. This reduced the time required in 
making measurements and enabled a standard and therefore widely avail­
able test meter to be employed.
The results of this study encouraged further work into possible
ways of improving the technique. Various band-splitting arrangements
were considered with the aim of increasing the effective bandwidth of
the test signal.
A standard y octave filter set was used in the first experiments 
but it was concluded that the rate of cut-off of these filters was 
insufficient to provide the required noise-separation. For reasons of 
economy it was therefore decided to construct a two-bands arrangement 
using the existing 3*5kHz and three additional sharp-cut filters. This 
provided a high degree of noise-separation (80dB approximately) with
noise bands of 150Hz to 700Hz, and 1kHz to 3*5kHz approximately. The 
construction of this equipment was completed towards the end of 1972*
In parallel with this constructional work, a formal subjective 
investigation was conducted in order to provide data relating to a 
wider range of programme impairment and more critical listening material 
than used previously. This data could then be used at a later date to 
study the subjective agreement obtained with any objective method of 
non-linearity measurement. As some of the results of this subjective 
investigation are used in this thesis, relevant parts of it are des­
cribed in detail in Chapter 2. The subjective experiments and construc­
tional work were completed early in 1973* Next came the task of optim­
ising various objective test parameter values for the two-bands method, 
using the new subjective data. This work is described more fully in 
BBC Research Department Report number 197^/2. Work was completed in 
mid 1973 and it was concluded that the two-bands method could give much 
more accurate estimates of subjective impairment than the routine total 
harmonic distortion method could. It was realised however, that the 
two-bands method was totally unsuitable for testing circuits where ncn- 
linearity was predominant at high signal-frequencies. Further study 
was therefore given to ways of using a wider bandwidth test-signal.
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In 1972, Nikaido of the Japan Broadcasting Corporation (NHK) 
reported his use of the sound programme signal itself in making measure­
ments of non-linearity. The test apparatus was the same as used in his 
11earlier work but with the noise source being replaced by the sound 
programme signal. The practice of using the sound programme signal as 
a test signal was not considered to be appropriate for routine tests 
in the BBC for several reasons. Measurements made in this way wTould 
have to be integrated over a long time interval, as the results of 
measurements would be influenced by the average spectrum of the programme 
signals presented. The alternative would be to standardise on particular 
sound programme excerpts as test signals. This has the disadvantage 
that sound recording equipment would be required in the test apparatus 
and it would therefore not be possible to recognise sound signal pro­
cessing systems which had a lower level of distortion than the recording 
system. Digital recording and electronic origination of certain sound 
programme signals could be of help in solving this problem but it is 
likely to be too expensive a solution for the routine test application. 
The requirement is for a method which uses a test signal which is 
accurately reproducible, which simulates a sound programme signal, and 
in addition is inexpensive to produce.
The author considered that these requirements were most likely 
to be met by a method which used a pseudo-random noise test signal* 
Previously the problem of measurement had been considered to be one of 
making enough complementary high resolution comb-filters to provide a 
comb-like test signal spectrum and a measurement filter with a.comb­
like response. It was realised that this approach would be prohibit­
ively expensive to instrument. As the non-linearity test would be used 
for routine assessments, it was likely that many sets of test equipment 
would be required in the future, and it was therefore essential that the 
cost of equipment should be kept low and should not cost significantly 
more than the total harmonic distortion test equipment.
In 1974, an alternative approach to the measurement problem was 
proposed by the author. This new proposal recognised that the pseudo­
random noise signal had itself a comb-like spectrum, and that non- 
linearity products could be arranged to fall in the spectral gaps. A 
frequency shift was proposed as a way of causing the test signal 
frequencies to be anharmonically related: most non-linearity products
then fail in the spectral gaps. Two possible ways of separating the 
distortion products from this test signal were proposed and the feasi­
bility study is described in Chapter 3*
It was concluded that an equal and opposite frequency shift 
followed by a single comb-filter to remove the test signal would be the 
most economical arrangement. Apparatus was therefore constructed to 
test this proposal and the formal investigation is described in Chapter 
k . This work was completed by mid 1973  ^anA.
comparison of the accuracies of this single comb-filter method, 
the two-bands method, and a total harmonic distortion method revealed 
that both noise-separation methods were more accurate in their estimates 
of subjective impairment than the total harmonic distortion method; 
although the accuracy of the single comb-filter method was slightly 
inferior to that of the two-bands method, it was to be preferred as it 
could be useful in testing a wider range of systems.
Some time was spent considering possible ways of improving the 
single comb-filter method and this study is described in Chapter 3.
As a result of this work, a double comb-filter method was pro­
posed: it was attractive as it would be less expensive to instrument
and could possibly give better accuracy. Towards the end of 1975 it 
was decided to construct test equipment to study this new proposal, and 
in addition to conduct limited subjective tests to provide data relating 
to non-linearity which was predominant at high signal-frequencies; this
work is described in Chapter 6.
The double comb-filter method was found to be equally as 
accurate as the single comb-filter method using the subjective data 
given in Chapter 2: this accuracy also applied to the frequency
dependent non-linearities studied more recently. Work was completed 
in mid 1976.
Chapter 7 describes possible ways of applying the double comb­
filter method to the measurement of other parameters of a sound signal 
transmission system. Its use in these applications could help in 
reducing overall costs as it could reduce the need for the wide variety 
of test equipment required at present.
Overall conclusions and recommendations for further work are 
given in Chapter 8.
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CHAPTER 2
A FORMAL INVESTIGATION OF THE PROGRAMME QUALITY 
IMPAIRMENT CAUSED BY FOUR NON-LINEAR CIRCUITS
2.1. INTRODUCTION
The purpose of this subjective investigation is to assess the 
degree of sound programme quality impairment which is experienced when 
circuits are over-driven. In order that these subjective assessments 
can, at a future date, be related to objective measurements of the 
circuit non-linearity, a parameter termed "relative gain" is introduced. 
Relative gain is defined by reference to a measurement of the total 
harmonic distortion (t.h.d.) of the test circuit. A 1kHz sine-wave 
signal is applied at a level of 10dBm, at point A in Figure 1. At 
this point programme line-up level is OdBm. With a relative gain 
attenuator setting of OdB, the input gain of each test circuit is 
adjusted until each circuit produces a t.h.d. of -37<*B. The output 
gain of each test circuit is then adjusted to give zero gain overa3.1 
under linear operating conditions. Relative gain is therefore a 
measure of the input gain of each test circuit relative to this reference 
setting. The figure of -37^B is somewhat arbitrary, but was chosen as 
it has in the past been taken as a tolerance limit for sound-programme 
circuits.
Programme signal level is measured using a BBC peak-programme 
13meter (PPM) which is a quasi-peak reading instrument calibrated in 
scale marks 1 to 7* These scale marks are equally spaced, (except 
between 1 and 2 which corresponds to 5dB), and the difference between 
one scale mark and the next corresponds to a 4dB change in applied 
signal level. Scale mark k is, by convention, used to indicate the 
reference or line-up level for programme circuits and corresponds to 
an applied sine-wave level of 0.775 volts rrns. Programme signal level 
is controlled at the studio so that peaks do not indicate more than 
scale mark 6, because with an a.m. sound broadcast transmitter this 
signal level (8dB above the line-up level) corresponds to 100% depth of 
modulation.
In the subjective tests no amplitude compression was applied to 
the programme signals,' and programme peaks registered no more than 6
on a PPM at point A in Figure 1. It was intended to explore impairment
< 'Iklevels ranging from grades 1 to k on the six point scale shown in
Table 1. These levels of impairment were investigated with each com­
bination of test circuit and programme item.
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In conducting subjective tests it is necessary to take account 
of factors, for example the presentation order of test conditions, which 
could bias the results.
15Some researchers have used a latin square design in planning
their subjective tests* This method is of use in randomising sources
of error which could influence the accuracy of test results, and this
enables more accurate results to be obtained. Unfortunately this
method requires at least as many test sessions as there are conditions
presented in each test. Also each test session must be conducted with
different listeners. The time, and therefore cost involved in this
approach precluded its use in the work described here. Instead the
techniques described in Section 2.3 are employed, and these are in
16general agreement with those of CCIR Report 623 •
For convenience, and for practical reasons it was necessary to 
record all test excerpts on magnetic tape. The noise and distortion 
levels of these recordings had to be low enough to avoid masking any 
distortion introduced by the circuit under test. To ensure this, it 
was essential that the programme signals did not undergo the record- 
replay process more than twice. Further, a companding system was used 
with the tape-recorder to give a better signal-to-noise ratio than that 
normally attainable•
2.2. CHOICE OF TEST PROGRAMME MATERIAL AND TEST CIRCUITS
Informal listening tests revealed that three of a library of 
recorded test items were more critical of the type of non-linear dis­
tortion under study. They were more critical in the sense that for a 
given level of applied signal the distortion generated by the test 
circuits was more audible than with other programme excerpts. The test 
excerpts chosen were also considered to be typical of broadcast
material and were a male-voice choir item, a solo piano item and a male-
17speech item in which Harvard sentences were spoken. These sentences 
are designed to be phonetically balanced. The duration of each item 
was about 20 seconds.
The test circuits were chosen to be representative of the range 
most likely to be used in sound-signal transmission circuits. Two 
thermionic valve amplifiers and two transistorised amplifiers were 
chosen. A valve amplifier BBC type GPA/^A was chosen as it is a line 
receiving amplifier which has been widely used in the BBCe One dis­
advantage with valve amplifiers is that their performance deteriorates
TABLE 1.
The Six-Point Subjective impairment Scale
•GRADE IMPAIRMENT
1 Imperceptible
2 Just perceptible
3 Definitely perceptible but not disturbing
Somewhat objectionable
3 Definitely objectionable
6 Unusable
TABLE 2.
The Test Circuits
NUMBER DESCRIPTION
1 Operational amplifier type *7^1
2 BBC transistorised amplifier type AM7/^
3 BBC thermionic amplifier type GPA/^fA
4 Low-emission version of circuit 3
gradually with time, as the thermionic valves lose emission. In order 
to take account of this fact the second thermionic type of amplifier 
employed was a GPA/^-A with low emission valves. A transistorised line 
receiving amplifier type AM7/*f was used as it is being supplied as a 
replacement for the GPA/^A. The introduction of integrated circuit 
amplifiers designed for audio-frequency applications might result in 
their being employed in future transmission circuits, and to cover this 
possibility an operational amplifier circuit type *7^1 was used. Table 
2 lists and numbers these four circuits for reference purposes.
2.3. METHOD OF CONDUCTING SUBJECTIVE TESTS
The tests were conducted in a way which would enable the relia­
bility and repeatability of each listener’s assessments to be determined 
Each test presentation comprised a nominally unimpaired excerpt,followed 
by an impaired version. This format was used to assist the listener in 
rejecting any programme distortion which had not resulted from the 
circuit under test, The listeners employed for the tests were experien­
ced in assessing the type of impairment introduced in the tests, but 
nevertheless, as the amount of impairment might sometimes be slight and 
therefore difficult to assess, the unimpaired condition was presented 
as a test six times during each session as a check on the ability of 
each listener to consistently reject any distortion present in the 
nominally unimpaired version.
Past experience has shown that the effect of fatigue on listen­
ers’ assessments is kept to an acceptable minimum if the duration of 
each session is restricted to approximately 20 minutes.
The test conditions were presented to two groups of listeners 
at different times as only six people could be seated satisfactorily in 
the listening room, and eleven listeners in total were employed in the 
tests. ^8 test conditions were presented to each group in two, twenty 
minute sessions of 2b tests.
-It was recognised that at the beginning of a test session the 
judgement of some listeners might be less critical than half way through 
the session, and that they could be unduly critical at the end of the 
session, as they would then have become more familiar with the nature 
of the impairment. Hence the b8 test conditions, were presented to the 
11 listeners a second time, but with the running order changed. This 
new running order can be explained by way of the following example. If 
in the first presentation order, test conditions were numbered from, say 
1 to 2b then these same test conditions would appear in the new running
order starting with numbers 13 to 2.k and then followed by numbers 1 to 
12. There were therefore two groups of *f8 answers provided by the sub­
jective tests. This was reduced to only one group of ^8 by choosing 
from.each pair of mean impairment results the one with the lower stand­
ard deviation. Hopefully this process averaged out the learning effect 
described earlier.
At the start of each test session, listeners were asked to assess 
impairment in terms of the six-point inpairment scale given in Table 1. 
They were asked to assess the absolute impairment of the second presen­
tation in each case bearing in mind that the first presentation should 
be regarded as being unimpaired (grade 1). Each test condition was 
separated by a five second pause during which the listeners were required 
to record their assessments.
The tests were carried out in a listening room which had acoustics 
similar to those of a domestic living room: a mid-band reverberation
time of approximately 0.3 seconds and a' volume of 83 cubic metres. The 
programme excerpts were reproduced by a BBC monitoring loudspeaker type 
LS3/3* Listeners sat approximately 2.3 metres from the loudspeaker, and 
the sound level measured on axis at this distance, using a sound level 
meter as specified in I.E.C. publication 123 with nslown time constant, 
was 83dBA approximately^ Background noise level was approximately 25dBA.
Closer* "VYie -Cor
2.*f. RESULTS
Mean, and standard error of the mean were calculated for each test 
condition, and the results were plotted as mean impairment grade against 
relative gain. From these results the most critical programme excerpt 
was male-speech, and the least critical was the solo piano.
In an investigation of the degree of correlation between subject­
ive assessments of sound quality impairment and objective measurements 
of non-linear distortion it is only necessary to examine the correlation 
obtained with the most critical test programme excerpt. For this reason 
only the test results for the male-speech are given in this thesis, and 
these can be found in Figure 2. The results for the other excerpts can 
be found in BBC Research Department Report 197^/2♦ but are not used in 
this thesis.
From Figure 2 it is apparent that the-*7^1 amplifier is least 
tolerant of being over-driven, as it produces noticeable impairment 
at a lower applied level than the other circuits. The low emission 
GPA/^-A is relatively tolerant of overload.
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Unimpaired programme was judged by listeners to be between grades 
1 and.1.2, Hence listeners had on the whole been able to reject any 
residual distortion present in the programme item, and to base their 
assessment on the distortion deliberately introduced by each non­
linear circuit. The standard error for mean estimations of subjective
•f* “f* . _
impairment varied form -0.1 to -0.35 of a grade: about 68% of mean
estimations by the experienced listeners would be expected to lie within 
these limits.
CHAPTER 3
A STUDY OF THE FEASIBILITY OF USING A TEST-NOISE 
SIGNAL WITH A FULL AUDIO-BANDWIDTH SPECTRUM
3.1. INTRODUCTION
As pointed out in Section 1.3* a disadvantage of the two-bands 
18signal was that it could not explore variations of distortion with 
frequency for the whole of the audio-frequency bandwidth. In addition, 
the degree of correlation between subjective assessment and objective 
measurement was found to be strongly dependent on the relative power of 
the two bands of noise, and therefore errors in amplitude-frequency 
response of a test circuit could adversely effect the result of a non- 
linearity measurement with the two-bands method.
It was therefore decided to study the feasibility of using a 
test-noise signal which had frequency components covering most of the 
audio range, as the non-linearity measurement would then be less 
dependent on amplitude-frequency response errors, and would also be 
sensitive to frequency-dependent non-linearity.
3.2. FEASIBILITY
3*2.1. General .
A Pseudo-random noise source has been used to produce test- 
noise signals as it facilitates measurements with a peak-programme 
meter. If the pseudo-random noise is produced by a maximal length 
binary sequence, and if the clock frequency of the feedback shift 
register used to produce this sequence is at least ten times the highest 
audio signal frequency, then the spectrum of such a signal can be rep­
resented by Figure 3(a)* Each spectral line is a harmonic of the
sequence repetition frequency and the .spectral components in the audio-
19frequency range are all of equal power.
It is apparent that if this test-noise signal suffers non-linear 
distortion, due to curvature of the input/output transfer characteristic 
of a test circuit, then harmonic and intermodulation products will be 
generated and will fall on spectral positions already occupied by the 
test signal. These products cannot, therefore, be recovered by using 
a filter.
If the input/output transfer characteristic of the test circuit 
is that of an analogue to digital converter followed by a digital to 
analogue converter, then the products generated would be in the form
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of a noise signal which could fill the spectral gaps of the test signal. 
The level and randomness of this noise would be a function of the quan­
tising accuracy of the codec under test.
The line spectrum of the pseudo-random noise can conveniently be 
removed by a comb-filter with the amplitude-frequency response shown in 
Figure 3(e)* This filter response can be realised by subtracting from 
the test-noise signal a delayed version of itself. The delay would be 
equal to the' inverse of the sequence-repetition frequency.
The author of this thesis proposed that the spectrum of the 
pseudo-random noise be shifted in frequency by a certain number of Hertz 
to produce a noise signal in which most of the frequencies were not 
harmonically related; the spectrum of this signal is illustrated in 
Figure 3(b).
With this test signal most harmonic and inter-modulation products 
would fall in the spectral gaps. The frequency shift operation could 
be accomplished using the well known technique of single-sideband 
modulation and demodulation: the frequency shift being obtained by
using a,different reference frequency in the demodulator. Two methods 
of separating these products from the test signal were proposed by the 
author: a comb-filter method, and a correlation method. The following
sections outline the methods and discuss their feasibility.
3*2.2. A proposed comb-filter method 
3*2.2.1• The Method
If, after suffering non-linear distortion, the test-noise signal 
proposed in section 3*2.1 is first shifted in frequency by an equal 
amount and in an opposite direction to that applied to produce the test- 
noise signal, and then applied to a suitable comb-filter as described 
in Section 3*2.1, then the output signal from the comb-filter will be a 
measure of the products of non-linearity. These spectral operations 
are illustrated in Figure 3(d), (e) arid (f).
3*2.2.2. Theoretical considerations
Ideally, all products of non-linear distortion should occupy 
the spectral gaps of the test-signal, but as the test-signal spectral 
components are spaced regularly in frequency, some non-linear products 
will inevitably coincide with the frequencies of the test signal. The 
objective significance of these hidden products can be determined 
theoretically by using an analysis technique reported by Brockbank and 
V/ass.^
Their work has been described in Section 1.2. The test-noise signal 
has many spectral components within the audio frequency range and it 
can be concluded from their work that the distortion energy of such a 
test signal is due mainly to intermodulation products.
As an aid to making an objective analysis of these intermodulation 
products Brockbank and Wass classify the products into two groups:
Group 1 and Group 2. These two groups are described by reference to 
the terms in a power series approximation to the input/output transfer 
characteristic of the non-linear circuit. Group 1 products arise only 
when there is an odd-order term in the power series, while Group 2 
products can arise from either odd or even order terms. A conclusion 
drawn from their work is that Group 1 products of the test-noise signal 
lie on the spectral positions already occupied by the test signal and 
some measure of the distortion energy arising from odd-order terms is
therefore lost. This is shown in Appendix I.
If desirable, in order to improve subjective-objective correla­
tion, increased account could be taken of those products which are due 
to odd-order terms in the power series by measuring the distortion
products v/hich fall above the upper frequency limit of the test-noise
6signal, as in theory these are mainly Group 1 products.
The distortion products which are recovered by this comb-filter 
method are therefore Group 2 products, and the proportion of those 
recovered can be controlled by adjusting the ratio of the frequency 
spacing in the test signal to the lowest test frequency. This adjust­
ment could provide a means of weighting the distortion measurement for 
better subjective agreement: for example, the amount of frequency
shift could affect the proportion of measured products v/hich are due to
odd-order terms in the power series for the non-linearity.
3.2.2.3. Practical Considerations
In order to minimise the final cost of test apparatus, the 
frequency spacing of the test signal should not be closer than that 
necessary for good subjective-objective correlation results. The 
determination of this subjective agreement does, however, require 
experimental apparatus that can operate over a range of frequency spa- 
cings. For the experiment it seems reasonable to set an upper limit 
on the frequency spacing of approximately 500Hz, as there will then be 
approximately 30 spectral lines within the 15kHz audio bandwidth. 
According to Brockbank and Wass, at least 30 components are necessary 
in order for the energy of harmonic products to be significantly less 
than that of intermodulation products. The lower limit for the fre­
quency spacing could be approximately 100Hz, but this limit v/ould 
depend mainly on the cost and practicability of a suitable comb-filter.
A second factor which influences the choice of frequency spacing is the 
waveform of the pseudo-random noise signal. As the spacing is reduced, 
the waveform becomes more noise-like, and it is possible that the more 
noise-like the waveform the better will be the subjective-objective 
agreement.
In order to facilitate measurements of non-linear distortion 
(noise-separation) in which the effect of changing the frequency spacing 
is to be studied, it is necessary for the comb-filter to track changes 
in the frequency spacing of the test signal. This is possible if the 
delay is produced using an analogue or a digital shift register. 
Alignment is then maintained by arranging for the clock frequency 
controlling the shift register to be phase-locked to an integral multipli 
of the frequency spacing of the test signal teeth.
An inexpensive analogue (bucket-brigade) shift register inte­
grated circuit device type TGA590 is currently available, and the per­
formance figures for the device indicate that when it provides a delay 
of 8mS an rms unweighted signal to noise ratio of better than 60dB could 
be obtained. This delay would correspond to a frequency spacing of 
125Hz.
The TCA590 integrated circuit analogue shift register has 5"!2
buckets which is equivalent to 256 shift register stages. In order to
transmit a 15kHz bandwidth signal along this shift register, it is
necessary to sample the analogue signal at a frequency of at least
50kHz (the Nyquist limit). The maximum useful delay which one device
256 -3can produce is therefore x 10 seconds which is equivalent to a
30 -3
comb spacing of x 10 Hz = 117 Hz.
In order to obtain the required amplitude frequency response 
from the comb-filter it is essential that the direct and delayed signal 
paths in the comb-filter depicted by Figure b should be matched in their 
amplitude-frequency, non-linearity and dispersion characteristics.
It was not, however, within the scope of the feasibility study 
to conduct the lengthy experiments necessary to determine accurately 
the values of the above parameters, but from experiments already con­
ducted with the TCA590., it was known that the degree of non-linearity 
distortion was subjectively acceptable, and that its amplitude-fre­
quency response approximated to that expected from a sampled-and-held 
signal. A brief experiment was conducted using an existing TCA590 
delay unit and laboratory amplifiers,. mixers and attenuators to produce
input—>
delay line
> output
Fig. k - The comb-filter.
a comb-filter. Using a sine-wave input signal it was found possible 
to obtain a separation between maxima and minima in the amplitude- 
frequency characteristic of at least 50&B measured using an rms meter.
Most sound signal circuits of practical interest have a total
harmonic distortion in the region of 0.1%. If this consists only of
second harmonic then the weighted distortion will be 0.^%: according
to Wigan, ayv.fo.gure of less than 10% is likely to be subjectively 
2
acceptable. This figure of 0.1% can be translated into a noise- 
separation figure of approximately *f8dB as shown in Appendix II, 
assuming that the power of the sine-wave test signal is equal to that 
of the test-noise signal.
For the same percentage harmonic distortion, but with higher- 
order harmonics, the noise separation figure will be less than this.
In order to measure a -^8dB separation to an accuracy of ^1dB it is 
necessary for the basic noise-separation of the measurement apparatus 
to be 5^dB.
It therefore seems likely that the expected performance of a 
comb-filter using a TCA390 will prove adequate for an investigation of 
the subjective-objective correlation obtainable by the comb-filter 
method.
From this estimate of 3^ +dB noise-separation it is apparent that 
the frequency shift operation required by both the test-noise signal 
generator and the noise-separation measurement filter must have an un­
wanted product suppression of better than 60dB. This order of supp­
ression seems practicable using a single-sideband modulator recently
20invented by Gingell.
3*2.3# A proposed correlation method 
3*2.3*1 The method
In the proposed technique a different measure of distortion is 
obtained: instead of measuring the power level of the distortion
products, an estimate of the subjective value of the distortion is 
made by computing a weighted sum of the coefficients of a power series 
approximation to the input/output transfer characteristic of the circuit 
under test; each coefficient being obtained by using a correlator. This 
proposal would allow a more complete objective description of the non- 
linearity to be obtained and might therefore enable a better estimate 
to be made of the subjective effects of non-linear distortion by suit­
able weighting of the coefficients. This proposal can be compared to
2Wigan1s New Distortion Criterion in which he proposed weighting the 
coefficients of a Fourier series for the distortion products of a sine- 
wave test-signal. The previous proposal is on the same lines as Wigan's, 
but is more general in its application.
Figure 3 is a diagram of the proposed system of measurement from 
which all filter networks have been omitted for clarity. Four operations 
are involved in this system: generation of a test-noise signal identical
to that applied to the circuit under test, distortion product generator, 
cross-correlation and computation of a weighted sum of coefficients.
An identical pseudo-random binary sequence signal is easily 
generated by using the same feedback shift register arrangement and, 
clock frequency. As this signal is digitally generated it can be 
delayed by a controlled amount by using a digital shift register and a 
frequency shift completes the generation of the identical test signal.
A programmable non-linear function generator provides the dis­
tortion products which arise from any one term in the power series. 
Cross-correlation of this distortion signal with the output signal of 
the circuit under test is accomplished by means of the multiplier, 
integrator and variable signal delay. To obtain a measure of the co­
efficient for the term under examination it is first necessary to examine 
the shape of the cross-correlation function. Ideally it would be 
symmetrical about a maximum value, in which case it is more correctly 
known as an auto-correlation function, and the maximum value can be 
taken as a measure of the coefficient of the power series.
The theoretical and practical aspects of this proposal are dis­
cussed in more detail in the following sections.
3*2.3*2. Theoretical considerations
The output signal of a non-linear circuit having the test-noise 
signal described in Section 3*1 as its input, is a mixture of periodic 
signals: the test-noise signal and its distortion products. Each
term in a pov/er series expansion of the transfer characteristic of the 
non-linear circuit is responsible for a particular periodic signal in 
the composite distortion signal.
Correlation techniques are widely used for the recovery of 
periodic, signals buried in noise and it seems likely that the periodic 
signal associated with each term of the power series could be identified 
by a correlation process. If the desired periodic signal is generated 
and then cross-correlated with the mixture of signals, a measure of the
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Figure 5 Measurement system for correlation method.
related coefficient value in the power series can be obtained. This 
measure may not be accurate, however, as dispersion in the circuit 
under test will alter the degree of correlation between the generated 
distortion signal and that contained in the input from the circuit 
under test.
This inaccuracy may not be significant in terms of influencing 
the agreement between the weighted distortion figure and subjective 
estimates of non-linear distortion.
Correlation methods have been used by other researchers as a 
means of deriving the transfer characteristic of a non-linear system.
An extensive list of references is given in Reference 21. A mathe­
matical description of the input/output transfer characteristic of a 
non-linear system including a frequency-dependent gain element is very
similar to a power series, but the coefficients are then known as 
21Volterra kernels. In essence a Volterra kernel is similar to the 
impulse response used in linear system analysis; but only the first 
order Volterra kernel is truly the impulse response.
The coefficient values which might be obtained by the non- 
linearity measurement method proposed in this Section are not expected 
to provide a rigorous mathematical description of the transfer character­
istic such as would be provided by a Volterra series, but may neverthe­
less prove useful in the context of this thesis.
The practical measurement of true Volterra kernels has proved to
21be extremely difficult to achieve accurately. Crawford, has, however,
described experimental equipment using a p.r.b.s. test signal, which
enables the measurement of first, second and third order Volterra kernels
but the cost and complexity of the equipment limits its application to
that of a research tool. In the context of measuring audio frequency
2circuits, it would appear necessary, based on Wigan’s findings, to be 
able to measure coefficients up to the tenth order, and this would 
therefore seem impractical to do at present if a true Volterra kernel 
analysis were envisaged.
3.2.3*3» Practical considerations
The main practical considerations are concerned with the function 
generator. The function generated is of the form y = x11 where y is the 
output signal from the function generator, x the input signal and n is 
the exponent associated with the particular term in the power series.
This function can be produced by an arrangement of analogue
multipliers, or by a piece-wise linear approximation to the character­
istic using diode-resistor networks.
Accuracy, signal-to-noise ratio and bandwidth for the multiplier 
required in the cross-correlation are interdependent in the sense that 
the performance in respect of one parameter can usually be improved but 
at the expense of the others. If a comb-filter were used to first 
remove the test-signal from the output of the network under test, then 
this would reduce the signal range over which the multiplier required 
for cross-correlation has to operate, and this may allow a less 
expensive multiplier to be used.
Control and sequencing logic units would be required in order 
that each cross-correlation function can be explored, the appropriate 
result stored, and the final stored values summed to give the measure 
of non-linear distortion.
It is thought that the instrumentation required to study this 
proposed correlation method would be feasible to produce.
3.3. CONCLUSIONS AND RECOMMENDATIONS
Two test-noise methods are proposed in this feasibility study: 
a comb-filter method in which the distortion is measured in terms of 
the level of distortion generated, and a correlation method in which 
the distortion is expressed in terms of the transfer characteristic 
of the non-linear circuit under test.
Both methods are an improvement on conventional techniques as
they are sensitive to frequency-dependent non-linearity within most of
2 18the audio frequency range. On a basis of past work ’ both proposed 
methods are likely to provide good agreement between the measured non­
linear distortion and its subjective effect.
It should be feasible to instrument both methods, though the 
correlation method is instrumentally more complex.
It was recommended that in the context of devising a test method 
suited to a routine test application, the comb-filter method should be 
studied first as it is easier to instrument, and therefore likely to 
cost less than the correlation method.
It is also not certain at present which of the two proposed 
methods would give better subjective agreement, but if necessary a 
later study of the correlation method would be facilitated using 
’building blocks’ constructed for an investigation of the comb-filter 
method.
V ' T *
A formal investigation of the comb-filter method was undertaken, 
and the findings are presented in Chapter
CHAPTER k
A FORMAL INVESTIGATION OF A SINGLE COMB-FILTER METHOD OF USING A 
TEST-NOISE SIGNAL TO MEASURE SOUND SIGNAL NON-LINEARITY
4-.1. INTRODUCTION
The results of earlier work by the author on a two-bands method
18of measuring sound signal non-linearity encouraged a study of the 
possibility of using a test signal with a spectrum which explored more 
of the audio frequency range. Certain non-linear effects occur predom­
inantly at the high-frequency end of the audio range; mechanisms for 
this may arise both in .analogue circuits and in pulse-code-modulation 
sound systems. Extra bands of noise could possibly be added to the 
test signal to provide for the measurement of high-frequency distortion, 
but the high rate of change of attenuation with frequency required for 
each band-pass filter limits the total number of noise bands which can 
be easily accommodated within the audio bandwidth.
The application of the tv/o-bands method to the measurement of 
quantising distortion was also studied by the author. This work was 
conducted after the publication of the Report describing the two-bands 
method. Noise-separation tests were made on three systems: 1^— bit
linear p.c.m., 10-bit A-Law companded p.c.m. and 10-bit near-instan- 
taneously companded p.c.m. These objective results placed the three 
systems in the same rank order as was decided by subjective testing.
In Chapter 3i methods are proposed which enable a test signal 
with a full audio bandwidth spectrum to be used. It was considered that 
a formal investigation should be made of the comb-filter method proposed 
in Section 3*2.2.2. This method will be referred to as the single comb­
filter method to avoid confusion with the double comb-filter method 
described in Chapter 6. The following sections describe the instrumen­
tation, and the results of an investigation into the degree of correlation 
between the results of objective measurements (noise-separation and total 
harmonic distortion) and subjective estimates of the effect of non­
linear distortion. The subjective data obtained in the work described 
in Chapter 2 was used in the correlation study.
Jf.2. EXPERIMENTAL DETAILS.
^•2.1• Apparatus
Figure 6 is a block diagram of an arrangement for generating the 
test signal. A pseudo-random binary m-sequence (p.r.b.s.) generator
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Fig. 6 - Test signal generator for single comb-filter method.
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provides a two-level signal which the low-pass filter (l.p.f.1.) converts
into a multi-level signal with a noise-like waveform. Each spectral
component is then displaced in frequency hy an equal number of Hertz
by means of a frequency shifter, a.block diagram of which appears in
Figure 7* This unit uses a single-sideband modulator of the type invented 
20by Gingell followed by a demodulator; the frequency shift is equal to
the difference between ■the modulator reference frequency w and thec
reference frequency w employed in the demodulator. A high references
frequency (100kHz) was employed, as switching type balanced modulators 
can then be used in order to obtain good phase accuracy, low distortion 
and a high signal-to-noise ratio. Gingell1s modulator uses a sequence- 
_asymetric polyphase .network, which is a novel circuit for phase shifting 
by 90°; it has the advantage that a high degree of unwanted-product 
suppression (better than 60dB) can be obtained over a wide bandwidth 
(30Hz to 15kHz), without using the numerous close-tolerance components 
required by most other 90° phase-shift circuits. A noise-like test signal 
is present at the output of filter b.p.f.1 in Figure 6, and this filter 
...retains only .those components which are within the audio-frequency band.
Figure 8 is a simplified block diagram depicting a method for
measuring the amplitude of the distortion signal. The frequency shift
is again made using the technique shown in Figure 7 and its value is
equal and opposite to that in the test signal generator. For the purposes
of the experiment (w - w ), the frequency-shift signal required by bothc s
the test signal generator and the measuring equipment, was supplied by 
one oscillator. If the measurement equipment were required to be used 
remotely from the test signal generator, then phase-locking techniques 
may have to be employed to keep the frequency-shift oscillator in the 
""measurement equipment equal in frequency to that employed in the test 
signal generator.
At the output of the frequency shifter in Figure 8 there is a 
signal which consists of the test signal, the spectrum of which may be 
likened to a comb whose ‘teeth* are the spectral components of the test 
signal, and the distortion products, most of which fall between the teeth
 of the comb. A measure of the distortion products is therefore obtained
by using a comb-filter of the type shown diagrammatically in Figure A to 
remove the test signal components. This comb-filter operates by sub­
tracting from the input signal a delayed version of itself. The first 
of the points of maximum attenuation occurs at a frequency 1/'t equal to 
that of the spacing between peaks, where t is the delay. t is made equal 
— to -the repetition period of the pseudo-random sequence.
In practice there is the problem of ensuring that the teeth of 
the comb-filter, i.e. the points of maximum attenuation, are always 
aligned with the teeth of the test signal. This is possible if the 
delay is produced by using an analogue or a digital shift register. 
Alignment is then maintained by arranging for the clock frequency 
controlling the shift register to be phase-locked to an integral multiple 
of the frequency spacing of the test-signal teeth. For the experiment, 
a comb-filter was constructed using an analogue (bucket-brigade) shift 
register. The comb-filter provided attenuation teeth of better than 
46dB over the test band. This degree of attenuation was less than that 
predicted from initial tests (see Section 3*2.2.3) because the initial 
tests did not reveal certain effects (see Section 5*2.1 for a more 
detailed explanation).
4.2.2. Method of measurement
Using the arrangement shown in Figure 8, the amplitude of the in- 
band distortion signal was registered on a PPM. The distortion figure 
was expressed as the decibel ratio of the level of the test signal, 
measured with a PPM at the comb-filter input, to the level of the dis­
tortion signal appearing at the output of the comb-filter. To optimise
db*torH©r\
subjective-objective correlation, weighting of theseyvproducts was varied 
by adjusting the amount of frequency shift. Some additional measurements 
were made to see whether shaping the spectrum of the products, i.e. 
employing a suitable weighting filter, would be advantageous.
4.3. OBJECTIVE RESULTS 
4.3*1• General
The arrangement shown diagrammatically in Figure 1 was used to 
measure the distortion versus relative-gain characteristics for each of 
the four non-linear circuits given in Table 2.
As in Chapter 2, relative-gain is defined to be .OdB when the 
total harmonic distortion of a 1kHz tone applied at a level of 10dBm 
at point A in Figure 1 is -37dB measured at point B.
The four non-linear circuits were also used in an earlier
investigation of the subjective-objective correlation obtained with a
1Rtwo-bands test signal.
This earlier investigation included subjective assessments of 
programme-quality impairment for various relative-gain settings. Thesel
assessments are described in Chapter 2, and were made with three pro-
gramme items. The results indicated that ‘male speech* was the most 
critical programme excerpt used in that investigation. The subjective- 
objective relationship obtained with the comb-filter method can be 
readily assessed as the relative-gain parameter is common to objective 
tests with the comb-filter method and the subjective tests described in 
Chapter 2.
4.3*2. Optimum parameter values for the comb-filter method
18Earlier work with test-noise signals showed that the level of 
the test signal measured relative to that of the programme signal is 
the first parameter value which must be optimised in a study of the 
subjective value of an objective test-method. Using the comb-filter 
method, distortion values, known as ‘noise-separation’ values (dB) 
were measured as the difference at the output of the circuit under test 
between the test-noise level and the distortion-signal level. They were 
measured with a range of test-signal levels, and the best subjective- 
objective correlation was obtained with a peak test-signal level of 
six on a PPM measured at point A in Figure 1.
In the present work, subjective agreement was found to improve 
as the peak-to-rms ratio of the test signal was increased: this ratio
depends on the length of the m-sequence and its repetition frequency. 
Component costs limited the working range of the comb-filter to repeti­
tion frequencies (spacing between the teeth) of greater than or equal 
to 100Hz, and with this restriction, the best peak-to-rms ratio was 
obtained with an m-sequence length of 2047 and a repetition frequency 
of 150Hz. There is, however, a possible m-sequence with a repetition 
frequency of approximately 60Hz, having a peak-to-rms ratio about 1dB 
higher than the 150Hz case, and this should be considered in the future 
if component costs fall.
In Section 4.2.2, two ways have been mentioned in which possibly 
advantageous weighting of the distortion figure can be varied, and the 
findings are as follows.
First, adjustment of the frequency shift provides an effective 
way of controlling subjective agreement; good results were obtained 
with any value of test-signal frequency-shift in the ranges -31Hz to 
~35Hz, -58Hz to -64Hz, -88Hz to -92Hz, and -115Hz to -119Hz. Secondly, 
variable frequency-shaping networks were applied to the output of the 
test -signal generator and to the output of the comb-filter. No 
significant improvement in subjective agreement was found so it was 
decided to omit these frequency-shaping netv/orks in the final test 
arrangement.
The test arrangement described so far was found to give good 
subjective agreement, and the arrangement using a -33Hz shift will be 
referred to as the 1 routine-test’ arrangement: the measured noise-
separation versus relative gain characteristics for the four test- 
circuits are presented in Figure 9* For comparison, the total harmonic 
distortion versus relative gain characteristics are given in Figure 10: 
the greater rate of change of t.h.d. with respect to relative gain is 
evident.
4.3.3. Theoretical comparison of the single comb-filter method 
and total harmonic distortion method
Wigan and Shorter have shown that it is advantageous to make an 
objective test for non-linearity give more weight to distortion products 
generated by high-order terms. Appendix II gives a theoretical example, 
which shows that the comb-filter noise-separation test gives more weight 
to high-order terms than the t.h.d. method.
Theory can also enable the potential sensitivity of the single 
comb-filter method to be compared with that of the t.h.d. method. The 
method which (for a given non-linear circuit, and equal applied test 
signal powers) yields the higher distortion signal power is potentially 
the more sensitive objective test method because the sensitivity of 
both methods is, in general, limited by the signal to noise ratio of the 
circuit under test. For example, if a circuit has ~60dB of t.h.d. at a 
test tone level of 3dBm, and the distortion is third harmonic only, then 
using equation 2 of Appendix 2 the single comb-filter noise-separation 
(measured using an rms meter) would be -40dB.
In the experimental work described in this thesis, the test-tone
level used is 10dBm, and at this level the t.h.d. would be -46dB. (It 
22is known that, (for a non-linear circuit whose transfer characteristic 
can be approximated by a poiver series) if the fundamental increases by 
x dB then the n *^1 harmonic distortion figure increases by (n-1) x dB)
4.4. SUBJECTIVE-OBJECTIVE CORRELATION OBTAINABLE WITH THE SINGLE
COMB-FILTER METHOD
4.4.1. Subjective and objective uncertainties
An ideal test method provides objective results which correlate 
exactly with subjective assessments of sound quality; this correlation 
should apply for any type of non-linear audio frequency system or 
circuit. In practice, however, it is fairly easy to find a test method
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which gives good, correlation for one or two non-linear circuits, but 
it is much more difficult to find one which is good for most, if not 
all, non-linear circuits. This correlation between results for diff­
erent circuits will be used to judge the merit of various test methods® 
Even if an ideal method were devised, the degree of subjective corre­
lation obtained in a given test situation would still depend on the 
accuracy to which the objective measurements are made® In a routine- 
test application it has been found that the degree of programme-quality 
impairment can depend strongly on the programme-signal level, and in 
extreme cases can change by as much as two subjective grades for a 1dB 
change in programme level. It is thought that is a realistic
estimate of the observation error in a routine measurement of programme 
level. Given this error, it follows that subjective grades estimated 
by even an ideal non-linearity method could be in error by ^1 grade.
It is therefore important to take into account the likely measurement 
error when using a given test method or when studying several test 
methods to find which gives the best subjective correlation.
4*4.2® A comparison of results obtained with the single comb­
filter method, the two-bands method and the total harmonic 
distortion method.
In this Section, three objective test methods are compared, namely 
the comb-filter method (routine-test arrangement), a routine total 
harmonic distortion method, and the .two-bands method.
In Chapter 2, a subjective investigation was described in which 
measurements were made of the subjective impairment introduced by diff­
erent degrees of non-linearity in four test circuits. In those 
experiments, the degree of non-linearity distortion was preset using the 
relative-gain attenuator. It should be noted that this attenuator 
setting is the parameter which is used to relate the results of the 
present objective non-linearity measurements to the earlier subjective, 
assessments.
Graphs which relate any objective measure of distortion to its 
subjective value can therefore be drawn if first one measures distortion 
versus relative-gain characteristics using the test circuits. In the 
present study, measurements were made of comb-filter noise-separation 
and of total harmonic distortion, and the results are presented in 
Figures 9 and 10 respectively.
The objective data in Figure 9 were combined with the subjective 
data in Figure 2 and the resulting plot of noise-separation versus
subjective impairment is presented in Figure 11. The plot for total 
harmonic distortion shown in Figure 12 was obtained by combining 
Figures 10 and 2. A comparison of objective test methods is made 
below based on the 1 standard error1 confidence limits which can be 
assigned to a subjective impairment of grade 2.5* predicted using data 
in Figures 11 and 12.
The earlier work on the two-bands method gave a spread in
estimated impairment of -0.2 grade at grade 2.5 with a noise-separation 
18figure of 38dB. Figure 12 indicates that at grade 2.5 the t.h.d.
method has an impairment spread of about +1*75 to -1.5 grades (later 
+ \taken as -1.75 grades; at a t.h.d. of -50dB. From the data in Figure 
11, the routine-test version of the comb-filter method gives a spread 
of +O.85 to -0,6 grades (later taken as ^0.85 grades) at a noise- 
separation of 39dB.
In order to find the resultant confidence limit for each method 
it is necessary to include the effect of the following measurement 
errors (a), (b) and (c):
. 13
(a) The accuracy of a BBC PPM is approximately -0.5dB. Both the
18single comb-filter method and the two-bands method, require that the 
peak test-signal level should equal the peak-programme level when they 
are each measured with a PPM. As long as the same PPM is used for 
measuring both levels, its calibration accuracy is not important. For 
the t.h.d. method, however, the calibration is important as the test- 
signal level is set 2dB higher than the peak-programme level.
(b) Errors of observation arise when it is necessary to adjust the
programme-signal level to peak to the same scale-indication as the test-
signal level. In general, it is thought that this adjustment could,
+with care, be made to within -0.5dB.
(c) The subjective data has a standard error of the mean of ^0.3 
grades at grade.2.5 for the most critical test programme.
Errors (a) and (b) can be translated into subjective-grade errors 
using the rate of change of impairment with programme-signal level or 
relative gain as shown in Figure 2; a maximum rate of change of 1.6 
grades per dB is apparent between grades 3 und 5 approximately. Assuming 
the relative gain of -2dB corresponds to grade 1, the rate of change in 
the region of grades 2.5 could be 2-3 grades per dB. It therefore seems
reasonable to take 2 grades per dB as an estimate of the rate of change.
Measurement error (a) then translates into a £l grade error. It seems
reasonable to assume that errors (a), (b) and (c) are uncorrelated, in
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which case an rms summation of them should be used; the resultant error 
for each method at a nominal grade 2.5 is -1.1 grades for the two-bands 
method, ^1.4 grades for the comb-filter method and ^2.3 grades for the 
t.h.d. method.
Maximum rates of change of measured distortion level versus
subjective impairment (near grade 2.5) were estimated using Figures 11
and 12. The results are 5»9^B per grade for the comb-filter method,
1817dB per grade for the t.h.d. method and 7^B per grade for the two- 
bands method. Using these figures it is possible to present a com­
parison of the three methods in terms of spreads in the objective measure 
ment. At a nominal grade 2*5 impairment the resultant of errors (a),
(b) and (c) given earlier translate to ^8dB for the comb-filter method, 
i7*^ -dB for the two-bands method and £38.6dB for t.h.d.
The two-bands method would appear to be the best on the basis of 
these figures, but it has significant shortcomings that the comb-filter 
method does not have; it cannot be used to measure narrow-band circuits 
as it requires a gap in the spectrum between 3*5 and 15kHz, and it can­
not measure the effect of distortion which occurs at signal frequencies 
higher than 3*5kHz. Moreover, in a nominal 15kHz circuit, the two-bands 
method would be inaccurate if the amplitude-frequency response was not 
flat within io.5dB in the range 30Hz to 3*5kHz.
As the single comb-filter method has none of these shortcomings 
it would seem to be the preferred method for routine tests.
In an informal experiment at the Concert Hall in. Broadcasting 
House, London, it was found that a studio sound mixing desk could, under 
certain operational conditions, produce clearly audible distortion when 
a total harmonic distortion figure of -50dB was measured by a routine 
test. In this situation the single comb-filter method was successful 
in predicting the estimated degree of impairment.
*U5. CONCLUSIONS
This Chapter has described an experimental investigation of a 
proposed single comb-filter method for measuring non-linear distortion 
of sound signals.
Distortion products are separated from a .frequency-shifted pseudo­
random noise test signal by using a frequency shifter followed by a comb­
filter. The degree of correlation between the value of distortion 
measured this way and the subjective effect of the distortion has been 
assessed and compared with the correlations found with measurements made
by a two-bands method and a total harmonic distortion method. This 
comparison applies only to tests on 15kHz bandwidth circuits where non- 
linearity does not depend on signal frequency.
Subjective correlation obtained with a routine-test version of 
the comb-filter method was close to that obtained with the two-bands 
method. For a nominal grade 2.5 impairment the comb-filter method gives 
a distortion figure of 39 ~8dB of noise-separation, the two-bands method 
gives 38 ^7dB of noise-separation and the t.h.d. figure is -50 i38dB«
The single comb-filter method has the facility to measure dis­
tortion in narrow band circuits, as well as distortion that is predomin­
ant at high signal-frequencies (e.g. f.m. transmission systems that have 
pre-emphasis). The two bands method does not have these provisions, and 
has the disadvantage that it would be inaccurate if the frequency
4*response of a test circuit was not flat within -0.5dB in the range 30Hz 
to 3#5kHz. On balance, therefore, the single comb-filter method is 
generally to be preferred, and is significantly advantageous relative to 
the t.h.d. method.
Consideration was later given to possible ways of improving the
single comb-filter method and these are discussed in Chapter 5. (An
23application was made for a patent to cover the single comb-filter method)
It was realised that further subjective and objective experiments 
should be done to investigate the correlations which apply when particular 
advantage is claimed for the single comb-filter method and the two-bands 
method is unable to provide valid results, such as those circuits where 
high-frequency non-linearity predominates; this work is described in 
Chapter 6.
CHAPTER 5
A STUDY OP POSSIBLE WAYS OF IMPROVING THE 
SINGLE COMB-FILTER METHOD
5.1. INTRODUCTION
The instrumentation developed for the comb-filter method had 
sufficient measurement resolution (approx -^6dB) for the experimental 
work described in Chapter +^, but this resolution may not be enough when 
it is necessary to detect changes in non-linearity performance at a 
level of distortion which is less than that necessary to produce subject­
ive impairment. This kind of facility is desirable in day-to-day main­
tenance tests and in the testing of new circuits (type-approval tests), 
as it serves as a check on the stability of operation of the circuit 
under test.
In order to provide increased resolution it will be necessary to 
design a comb-filter v/ith better attenuation in the stop-bands; this 
may require the use of digital processing. The measurement resolution 
might then be limited by the unwanted sideband suppression obtained by 
the frequency shifters, and further consideration is given to this 
aspect in Section 5-2.2.
In Chapter the single comb-filter method was shown to provide 
better agreement between the measured distortion and its subjective . 
effect than could be obtained with a routine test for total harmonic 
distortion. It was, however, concluded that even better agreement 
might be obtained if more account could be taken of the effect of odd- 
order terms in a power series description of the non-linear transfer 
characteristic. According to Brockbank and Wass, these terms are 
responsible for the production of Group 1 products: these products are
not measured in the single comb-filter method (see Appendix I). One 
possible way of improving the measurement method might therefore be to 
take more account of Group 1 products.
5.2. MEASUREMENT RESOLUTION
5*2.1. Comb Filter
The analogue (bucket-brigade) comb-filter used in the experi­
ments of Chapter k had the disadvantage that in order to obtain substan­
tially equal levels of stop-band attenuation over most of the audio 
frequency range, it was necessary to provide compensation in the direct 
path for the dispersion of the bucket-brigade circuit in the delayed
path. This compensation was provided by selection of time-constants 
in the sample-and-hold circuit employed in the direct path: the sample-
and-hold circuit being necessary in order to compensate for the amplitude- 
frequency response of the delayed path. With the TCA590 delay circuit 
used it was not found possible to produce an attenuation of the p.r.b.s. 
signal by the comb-filter of more than -^8dB measured unweighted with a 
peak-programme meter. A tracking generator and spectrum analyser were 
used in the alignment of the comb-filter and the spectrum analyser dis­
play indicated that attenuation peaks of better than 35dB would be 
achieved over most of the audio range. This display, however, did not 
take into account the effective reduction in comb-filtering efficiency 
due to non-linearity and noise in the delayed path. Compensation for 
this non-linearity was attempted by modifying the direct path, but this 
was not effective and the net result was that the noise-separation of 
the comb-filter was limited by the noise and distortion of the delay 
circuit. -
In later informal experiments, not reported in Chapter *f, a comb­
filter was constructed using digital processing. 13 bit accuracy 
analogue to p.c.m. and p.c.m. to analogue encoders were used with a 
sampling frequency of 32kHz and an analogue signal bandwidth of 13kHz.
With this filter a noise-separation of 63dB was obtained when a p.r.b.s. 
signal was applied. When this digital comb-filter was used to replace 
the analogue comb-filter in the non-linearity measurement apparatus, the 
overall noise-separation of the apparatus was found to be 3SdB* The 
noise-separation was also measured using an rms meter and was then found 
to be better than 60dB; it was therefore concluded that the lower noise- 
separation measured using the PPM (a quasi-peak indicating meter) was 
probably due to the peak to rms ratio of the test signal being lower 
than that of the unwanted products.
This digital comb-filter was used to repeat the measurements of 
Chapter 4 in a study of possible ways of taking more account of Group 1 
products.
The advantage of this digital comb-filter was that the desired 
amplitude-frequency characteristic could be obtained without the align­
ment problems that existed with the analogue comb-filter. The high- 
accuracy p.c.m. comb-filter was an instrumentally complex and expensive 
item of equipment. The use of such apparatus in a routine-test 
application was considered to be out of the question because of its high 
cost at that time.
As a result of studying methods of analogue to digital conversion,
it became apparent to the author that delta modulation might offer a
possible solution to the problem of cost. Delta modulation codecs are
instrumentally simple and their cost is much less than that of an
equivale-nt accuracy p.c.m. codec. According to the literature, high
accuracy coding (approximately 'Ik bit p.c.m. equivalent) is possible
25using delta modulation with a sampling frequency of 16MHz. In 197^
Baldwin reported the design and testing of an integrated circuit delta
modulator and of its application in analogue to p.c.m. conversion.
The p.c.m. was produced from the delta modulation by a digital low-pass
26filter: this technique was first described by Goodman in 1969.
According to the literature, no discrete component delta modulator had 
been made to work with an accuracy equivalent to that of Baldwin's 
integrated circuit version. As a result of correspondence with Baldwin 
a sample of the integrated circuit was obtained and objective measure­
ments and subjective listening tests were conducted to assess its per­
formance. These tests confirmed the results reported by Baldwin. This 
result encouraged a further line of research by the author: analogue
to p.c.m. encoding of high quality sound signals by way of delta modu-
27 28lation. This work resulted in two patent applications ’ and is 
more fully described in Appendix III: it could represent a further way
of reducing the cost of high accuracy comb-filters for non-linearity 
measurement by reducing the cost of a high accuracy p.c.m. codec.
The research into delta modulation to p.c.m. conversion was 
conducted in parallel with the development of a high-speed delta modu­
lator required in an experimental digital comb-filter.
One disadvantage of delta modulation is its higher bit rate 
compared to pulse-code modulation. For example a 352kbit/s p.c.m. 
signal (11 bits at 32kHz sampling) would have an accuracy equivalent to 
a AMbit/s delta modulation signal (1 bit at A-MHz sampling). V/ith its 
higher serial bit rate, the delta modulation signal requires many more 
shift register stages to produce a given delay. In order that a delta 
modulation comb-filter should cost significantly less than an equivalent 
p.c.m. one, it is therefore necessary to ensure that the total cost of 
shift register elements is much less than that of a high-accuracy p.c.m. 
codec. Large scale integrated (LSI) circuits offering at least 63kbits 
of storage have been developed using charge-coupled circuits. The cost 
per bit of storage is very much less with these LSI devices than with 
more conventional integrated circuits.
Digital processing therefore offers a means of producing a comb­
filter which may be comparable in cost to that of an analogue bucket- 
brigade comb-filter but could provide greater measurement resolution
and stability of operation.
An alternative solution to the cost problem may appear in the 
future when analogue shift registers, also using charge-coupled devices, 
become available. These devices are still in the research and develop­
ment stage and several problems remain to be solved.
5*2.2. Frequency shifter
The frequency shifter uses single-sideband modulation and unwanted 
signals arise from incomplete suppression of the unwanted sideband. These 
unwanted signals limit the measurement resolution of the single comb­
filter method.
The single-sideband modulator uses a novel form of phase-shifter 
20reported by Gingell, and this makes it economic to obtain approximately 
60dB suppression of the unwanted sideband over the audio-frequency range. 
This degree of performance is thought to be adequate for most applications 
It is interesting, to note that when in an experiment at the BBC Research 
Department, two such frequency shifters were employed as a means of 
providing continuous adjustment of an audio frequency low-pass filter 
characteristic, no subjective impairment due to these unwanted products 
could be detected in listening tests.
In.order to produce an accurate and stable amount of frequency 
shift it is necessary to have two oscillators whose frequency difference 
is stable and accurate. The sideband energy of each oscillator must 
also be low, otherwise the signal-to-noise ratio of the frequency shifter 
may be impaired.
The only satisfactory solution to this requirement was found to 
be a second single-sideband modulator: the baseband input to the
modulator was a sine-wave with a frequency equal to that of the desired 
frequency difference, and the spectral purity of the generated signal 
therefore also depended on the spectral purity of the baseband signal.
It is therefore apparent that the cost and size of each frequency 
shifter is almost double that of the basic single-sideband modulator and 
demodulator. The cost of the frequency shifters was estimated to be 
more than half that of the total cost of the single comb-filter measure­
ment apparatus. For economic reasons, it would be desirable to find a 
way of modifying the single comb-filter method to reduce the need for 
frequency shifters.
• One possible way would be to modify the comb-filter amplitude- 
frequency response so that it matched that of the test signal instead
of the p.r.b.s. signal; this would then remove the need for one of the 
two frequency shifters. A suitable comb-filter response could be 
obtained by introducing a phase-shift in the direct path of the comb­
filter. This system is depicted in Figure 13* The phase-shift does 
not change with signal frequency. Adjusting the amount of phase-shift 
moves the positions of the attenuation maxima in the same way as 
altering the frequency shift would in the previous comb-filter arrange­
ment. A suitable phase-shift could be provided by the polyphase net­
work used in the frequency shifters.
This instrumentally simpler comb-filter was not used in the 
experimental apparatus. To do so would have required much more time 
to be spent in adjusting the measurement apparatus when finding the 
optimum value of the frequency shift, as the' measurement filter would 
not then automatically track the spectrum of the test signal.
5.3. SENSITIVITY TO THE EFFECT OF ODD OR EVEN TERMS IN THE POWER
SERIES.
In order to improve the correlation between objective measure­
ment and subjective assessment of distortion with the single comb-filter 
method, it may be necessary to provide better control of the ratio of 
the relative sensitivity to the effect of odd or even terms in the power 
series. One method is to enable both Group 1 and Group 2 components to 
be included in the measured distortion. This could be achieved, for 
example, by limiting the spectrum of the test signal (for a nominal 
15kHz bandvri.dth system) to below, say 12kHz and performing a measurement 
that would include all products above 12kHz. The merit of this arises 
from the fact that products in the upper band would be almost entirely 
Group 1 products, (this fact is given in Reference 6) while the products 
measured through a comb-filter, below 12kHz would be Group 2 products.
Alternatively, an additional measurement of distortion could be 
made using the comb-filter, but with a frequency shift equal to half 
the base-frequency of the p.r.b.s. signal. This would then weight the 
measurement of Group 2 products in favour of those products which are 
due to odd order terms in the power series. Again, using reference 6, 
the power level of Group 2 products arising from odd-order terms is 
usually much less than that of the Group 1 products, and in order to 
measure these Group 2 products, the comb-filter resolution must be 
higher than is normally required.
Both the above methods have disadvantages: in the first method
the bandwidth of the test signal has to be restricted; in the second
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method two measurements have to be made and a weighted sum calculated*
Nevertheless a brief experimental study was made with the four
test circuits described in Table 2. The relative sensitivity of each
method to the effect of odd-order terms was tested by arranging for the
test-noise signal to be clipped symmetrically and asymmetrically.
Symmetrical clipping of a sine-wave is known to produce only odd-order
harmonics, while asymmetrical clipping produces both odd and even order 
2harmonics. Both methods were indeed sensitive to the effects of odd 
order terms, and a higher level of products was obtained with the Group 
1 method than with the Group 2 method. Also, as predicted by theory, 
the power level of Group 2 products was low and when the applied 
frequency shift was set to the optimum value given in Chapter a noise- 
separation of bO&B was measured for a particular test circuit, but with 
the frequency shift set to half the base frequency of the p.r.b.s. 
signal, the noise-separation fell to 50dB.
Noise-separation measurements were made in addition to the odd- 
order measurements and various ways were studied in which the standard 
and odd-order measurements could be combined. The results of this work 
indicated that using the subjective data given in Chapter 2, better 
agreement could be obtained by taking more account of the effect of odd- 
order terms, but it was concluded that the improvement obtained by the 
means employed so far was marginal and did not justify the increase in 
complexity of the single comb-filter method.
3 A m  A PROPOSED VARIANT OF THE SINGLE COMB-FILTER METHOD TO OBVIATE
THE NEED FOR FREQUENCY SHIFTERS.
One important aim of the investigation of test-noise signals is 
that the cost of instrumenting any proposed technique should be kept to 
a minimum. This requirement means that complex instrumentation must be 
avoided. A variant of the single comb-filter method was therefore 
proposed which would simplify the instrumentation required by obviating 
the need for both frequency shifters.
It is not intended to describe the proposal in detail here, as 
this is covered in Chapter 6. In essence the proposal is for a test- 
noise signal obtained by taking two p.r.b.s. signals with base-frequen- 
cies such that common harmonics do not occur within the audio frequency 
range. Non-linearity products then arise by intermodulation between 
the two p.r.b.s. spectra. Two comb-filters are then employed to remove 
the p.r.b.s. spectra leaving the intermodulation products. This variant 
will be referred to as the double comb-filter method. Unlike the single
comb-filter method, the test signal frequencies are not regularly spaced 
over the audio range; therefore the theory developed by Brockbank and 
Wass does not directly provide a means of estimating how much account is 
taken of the effect of odd-order terms by the double comb-filter method.
A mathematical analysis of this aspect was not under-taken by the 
author, as it was felt that whether or not Group 1 products could be 
measured by the double comb-filter method, an initial experimental assess 
ment of it should be made. This assessment would answer an important 
question that the mathematical analysis could not: is the degree of
correlation between objective measurement and subjective assessment of 
distortion as good as that obtained with the single comb-filter method?
5.5. CONCLUSIONS
The measurement resolution of the single comb-filter method can 
be improved by using a digital implementation of the comb-filter. Delta 
modulation offers the advantage of inexpensive but high accuracy analogue 
to digital and digital to analogue conversion, and would appear to be the 
most economical way of making a digital comb-filter. This situation 
might change in the future if high-accuracy p.c.m. codecs become much 
less expensive than at present (delta modulation to p.c.m. conversion 
may make this possible) or if analogue shift registers with adequate 
performance become available (future charge-coupled devices may be suit­
able).
V/ith inexpensive delta modulation coding and decoding, the major 
part of the cost of a comb-filter is taken up by the digital shift 
register: the future cost of this item should fall when suitable large
scale integrated circuits become available.
In a brief experimental study the proposed ways of taking more 
account of the effect of odd-order terms produced a slight improvement 
in subjective agreement, but it was thought that this improvement did 
not justify the increased cost and complexity of the single comb-filter 
method.
In the light of this work, a variant of the single comb-filter 
method has been proposed. It should cost, less to instrument than the 
single comb-filter method as no frequency shifters are required. This 
method is referred to as the double comb-filter method. Although it 
was not clear whether this method would give better subjective agree­
ment than the single comb-filter method, the economic promise of this 
method encouraged further study. An initial experimental investigation 
of the double comb-filter method was therefore undertaken and is des­
cribed in Chapter 6.
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CHAPTER 6
AH INITIAL APPRAISAL OF A DOUBLE COMB-FILTER \
METHOD OF USING A TEST-NOISE SIGNAL TO . '
MEASURE SOUND SIGNAL NON-LINEARITY
6.1. INTRODUCTION
This Chapter describes experimental studies of a variant of 
the single comb-filter method described in Chapter 4; this variant was 
outlined in Chapter 5 and will be referred to as the double comb-filter 
method. It is instrumentally less complex than the single comb-filter 
method as it obviates the need for a frequency shifter. As most of the 
instrumentation consists of digital shift-registers, the design can 
take advantage of future cost reductions in these devices produced by 
large scale integration technology, and may eventually be cheaper to 
produce than total harmonic distortion equipment.
In Chapter 4 it was established that the single comb-filter method 
gave significantly better correlation between measurement and subjective 
assessment than was provided by a routine measurement of total harmonic 
distortion. It should be emphasised, however, that the comparison was 
not a general one and that different correlation results would be obtained 
if total harmonic distortion measurements were made at a higher or lower
test signal level than that used for routine test purposes within the BBC.
-| ? 3 ifNevertheless, the results of other researchers ’ ’ ’ who have studied 
the total harmonic distortion method using test signal levels significantly 
below test circuit overload, support thq conclusion that a total harmonic 
distortion test is not a good means of estimating subjective impairment.
The investigations described earlier in this thesis were 
restricted to programme impairment produced by gain non-linearity which 
was not a function of signal frequency. Subsequently the effects of 
frequency dependent non-linearity were investigated in an initial subjec­
tive study described in Section 6.4, which was somewhat limited in its 
-these
scope. Using thirs-new subjective data, a comparison is drawn between 
the correlation obtained with the double comb-filter method and that 
obtained by a routine total harmonic distortion test.
6.2. DESCRIPTION OF DOUBLE COMB-FILTER METHOD
The test signal used v/ith the double comb-filter method is 
composed of two spectral combs with different base frequencies. As 
each comb consists of a harmonic spectrum, only those non-linearity
products which arise by intermodulation between one comb spectrum and
the other will fall in.the gaps of the test signal spectrum. Two comb­
filters, aligned with the test-signal spectrum, remove the test-signal 
components and enable the remaining distortion products to be measured.
The test signal can conveniently be generated by using two
19maximal length pseudo-random binary sequence generators (m-sequence 7). 
The spectrum of a binary signal produced by an m-sequence generator 
consists of harmonics of the sequence repetition frequency which are all. 
of equal power as illustrated in Figure 14(a) and (b), provided that the 
required test signal bandwidth is less than one tenth of the sequence 
clock-frequency. When two such signals are added, the test signal spec- 
trum illustrated in Figure 14(c) can be obtained. When non-linearity 
products of this signal are generated by a system or circuit under test, . 
the output spectrum will be as illustrated in Figure 14(d). A simple 
comb response of the form illustrated in 14(e) may be used to remove 
one of the m-sequence signals, and a second filter (see Figure 14(f)) 
in tandem to remove the other m-sequence, leaving non-linearity products 
as illustrated in Figure 14(g).
Not all non-linearity products can be recovered; those occupying 
the same frequency slots as the test signal are lost, but it is expected 
from past experience that the remaining distortion-signal energy will be 
sufficient to assess subjective-objective agreement. The subjective 
significance of the recovered distortion signal may be varied by changing 
the spacing of one comb spectrum relative to the other. (If there is an 
integer relationship between one base-frequency and the other, all dis­
tortion products \tfill fall in frequency slots occupied by the test 
signal and would therefore be lost).
6.3. EXPERIMENTAL DETAILS.
6.3*1* Apparatus
Figure 15 is a simplified block diagram of the arrangement used 
for generating the test signal. and G^ are m-sequence generators
whose cycle times are controlled by two crystal oscillators. Circuit 
details of G^ and G^ are given in Figure A3 iu Appendix IV. A scaling 
amplifier adds the two output signals in the ratio K to I, where K is 
optimised by experiment. The low-pass filter l.p.f. 1 restricts the 
band-width of the combined signal to 15kHz, and the resulting voltage 
waveform is noise-like. In order to facilitate a study of the import­
ance of the shape of the test signal spectrum- the output from l.p.f. 1 
is processed by a spectrum weighting netv/ork v/hich can introduce an 
adjustable amount of frequency dependent loss and dispersion.
Figure 16 shows a simplified block diagram of the test signal
output
spectrumscaling
amplifier weighting network
Fig. 15 - Test signal generator for double comb-filter method.
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Fig. 16 - Test signal analyser for double comb-filter method.
analyser. Digital processing is used because of its stability and 
relative cheapness in providing the required performance. Circuit 
details of the delta modulation coder, delta modulation subtractors and 
delta modulation decoder are given in Figure Ak in Appendix IV. The 
output signal from the system under test is applied to the delta modu-
•5
lation coder which operates at a clock rate of *fMHz approximately.
The delta modulator is an analogue-to-digital converter which provides 
a 1-bit output signal at a rate of 4Mbit/s. As mentioned in Chapter 3* 
this form of digital signal was used as it is less expensive to produce 
than a conventional high accuracy p.c.m. signal. Recent work by the 
author on delta modulation to p.c.m. conversion of high quality sound
p  n
signals ’ indicates that delta modulation combined with p.c.m. comb­
filters may be the most economical arrangement in the future.
Each delay is produced by a digital shift-register and is part of 
a comb-filter which operates by subtracting from an input signal a 
delayed version of itself. In Figure 16, shift register delay t^ is 
equal to the cycle time of the m-sequence produced by , and similarly 
for and G^* The delta modulation decoder converts the digital signal 
into analogue form by integration. The attenuation peaks of the comb­
filter responses formed by the .shift-register arrangements in Figure 16 
are maintained in accurate alignment with the test-signal 1 teeth1 by 
using a crystal-controlled clock-pulse generator; for clarity, Figure 16 
does not show clock-signal paths.
The gain of the comb-filtered path was set so that, at- a signal 
frequency at which minimum loss was produced by the comb-filters, the 
output level from the "measure" path was equal to that from the "set OdB 
path.
A maximum separation figure of 5^dB was measured when the test- 
signal generator output was connected directly to the input of the 
measurement system depicted in Figure 16. The separation was limited 
by quantisation noise produced by the delta modulation codec: an
equivalent separation would probably be obtained if a 12-bit p.c.m. 
codec operating at a 32kHz sampling rate were used instead.
The clock frequency chosen for the delta modulation was a com­
promise between keeping the quantisation noise of the delta modulation 
codec at a low level (a higher clock frequency would have produced 
lower quantisation noise) and keeping to a minimum the number of shift- 
register elements required (to keep down costs). The required shift- 
register length is proportional to clock frequency.
In the experimental equipment, MOS shift-register devices were
used and these had a specified maximum data rate of 10Mbit/s. Emitter- 
coupled logic circuits were used in the delta modulation coder and de­
coder in order to produce pulse waveforms with well-matched rise and 
fall times. This matching is essential in order to maintain low 
harmonic distortion, as the coder and decoder operate by analogue 
integration of pulse waveforms. An alternative solution would require 
the pulse shape in the decoder to be adjusted for minimum signal dis­
tortion at the output of the codec, but this solution was not used as 
it would require more complex circuitry.
6.5*2# Method of measuring noise-separation
Using the arrangement shown in Figure 16, the switch SW1 is set 
to the "set OdB" position and the output test-signal level from the 
system under test is adjusted until a reading of OdB is indicated by 
the peak-programme meter (PPM). Noise-separation in dB is then indi­
cated by the PPM when SW1 is set to "measure". It should be noted that 
this reading is a measure of (signal + distortion)/(distortion), and
although not a true separation figure, its use has proved to be satis-
18factory in past experiments with subjective data obtained for circuits 
having non-linearity which was not a function of signal frequency (with­
in the audio-frequency range).
6 J f. AN ASSESSMENT OF PROGRAMME QUALITY IMPAIRMENT DUE TO TWO CIRCUITS
HAVING NON-LINEARITY MORE PRONOUNCED AT HIGH SIGNAL FREQUENCIES
6.4.1. Introduction
The purpose of the tests \vas to obtain subjective estimates of 
programme quality impairment caused by two circuits for a selection of 
applied signal levels. A network having the amplitude-frequency 
characteristic shown in Figure 17(a) was inserted at the input of each 
circuit under test. This network caused high frequency signals to be 
more susceptible than low-frequency signals to non-linear distortion 
caused by over-driving the circuit under test, thus giving a condition 
representative of a transmission system using pre-emphasis. A network 
with the complementary characteristic was connected at the output of 
the circuit under test in order to provide an overall flat amplitude- 
frequency characteristic.
No amplitude compression was applied to the programme signals 
and the gain of the programme source was set to ensure that programme 
peaks registered no more than scale mark ’6’ on a peak-programme meter 
(at least one peak indicated exactly ’6 ’) at a point in the circuit
m 10■D
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Fig. 17 (a) - 50 microsecond pre-emphasis characteristic.
(b) - 50 microsecond de-emphasis characteristic.
where the line-up tone indicated scale mark '4' (9 6' corresponds to a 
signal level 8dB higher than indicated by
Tests explored impairment levels in the range indicated by the 
six point scale shown in Table 1 of Chapter 2. This same scale was 
used to enable accurate comparisons to be made with subjective data 
obtained in the work described in Chapter 2. In CCIR Report 623 (197^)* 
a five-point scale is given for assessing impairment of sound, and this 
scale will be adopted by the BBC in new studies. In the five-point scale, 
Grade 3 corresponds to imperceptible impairment. As a first approxima­
tion, the linear relationship = 5*8 - 0.8a ^ can be used to transform 
a six point grade A^ as used in this thesis into a CCIR five-point grade
6.^.2. Choice of test programme excerpts and test circuits
A solo piano item was selected from a library of recorded test- 
excerpts as it was found to produce a subjectively greater amount of 
distortion from the test-circuits than the other excerpts. The male 
speech item mentioned in Chapter 2 was not employed as only one 'master’ 
recording was available (see Section 6.^.3)•
A companding system was used in the tape recording and reproduc­
tion of the test-programme so that recording noise was less likely to 
mask the distortion produced by the test-circuits. In addition, the 
programme signals went through the record-replay process only once, i.e. 
a ’master' recording was used for the tests.
The two test-circuits used were a transistorised line-receiving 
amplifier, BBC type AM7/^ and an integrated circuit operational ampli­
fier type '7^ 1. These were two of the four circuits, numbers 2 and 1 
respectively, used in the earlier study reported in Chapter 2 and their 
use allowed subjective data obtained, in the earlier study to be combined 
with results from the present one.
6.^.3. Test procedure
In the earlier series of subjective tests, re-recording of pro­
gramme items was necessary as insufficient master recordings were avail­
able to make up the required number of test presentations. This re­
recording process increased the level of 'background' distortion and a 
test procedure was devised which would enable the effect of this 'back­
ground' distortion on the test results to be reduced.
The test procedure which had been used in the past work was as
follows. Tests were presented in the order "nominally -unimpaired" 
followed by "impaired" and listeners were asked to try to ignore slight 
(background) impairments present on the "unimpaired" item and to grade
the impaired item on the basis of any further impairment.
This procedure was found to be satisfactory when enough time was 
available to conduct tests in a way v/hich could provide a check on the 
ability of listeners to consistently ignore background impairments.
In the present investigation, since a limited time was available 
for the tests it v/as decided that only one programme item (judged in 
informal tests to be the most critical one available) and two non-linear 
circuits would be used. The consequent reduction in the number of test 
conditions enabled each subjective test to be conducted using master 
recordings. It was then possible to conduct the tests on the basis of
listeners grading each item as it was presented, with no need for each
condition to be preceded by a nominally unimpaired item. Twenty-four 
test conditions were presented during the test and in these only 11 
different degrees of impairment were presented; these were repeated in 
a random fashion in order to estimate the repeatability of each assess­
ment.
As in the work described in Chapter 2, the subjective tests were 
carried out in a listening room having a mean mid-band reverberation 
time of approximately 0.3 seconds, and a volume of 85 cubic metres using 
a high quality monitoring loudspeaker BBC type number LS5/5* Each test 
condition was judged by six listeners experienced in assessing sound 
quality. These listeners sat at a mean distance of 2.5 metres from the 
loudspeaker, and.the reproduced sound level measured on axis at this 
distance was approximately 85dBA measured with a sound level meter as 
specified in IEC Publication number 123i set to the "slow" time-constant. 
The background acoustic noise level v/as approximately 25dBA.
Figure 1 illustrates the test arrangement employed. As before, 
relative gain is arranged (by adjustment of the input gain of the 
circuit under test) to be OdB v/hen the total harmonic distortion of a 
1kHz tone applied at a level of 10dBm at point A in Figure 1 is -37<*B 
measured at point B.
This 10dBm tone gave a reading on the PPM at point A which was 
2dB more than that registered by programme-signal peaks.
The test results obtained related subjective estimates of pro­
gramme quality impairment to settings of the relative gain control, and 
these results are presented in Section
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Fig. 18 - Average impairment grade versus relative gain for 'Solo 
Piano1•
® 7Vi with pre and de-emphasis.
®  AM?/h with pre and de-emphasis.
I Twice standard error.
=-=-=. Mean subjective threshold (nominally
grade 1) including tv/ice standard error.
Subjective data obtained
Mean, and standard error of the mean were calculated for the
results of each test condition. Of the eleven conditions presented,
one was a reference condition in which the non-linear circuit under test
was bypassed. Figure 18 shows a plot of the results of the test. The
standard error of each mean grade given in Figure 18 was arrived at in
the following way. Each listener was on average asked to grade each
degree of impairment twice during the test session as a check on the
repeatability of his assessment. The average of his grading for each
degree of impairment was then taken. The standard error of these six
mean gradings was then calculated, on the basis of six listeners, in
the usual fashion. It is of interest that the mean grading for the
reference condition was 1.15 with a standard error of 0.05. This shows
that the background noise and distortion of the sound reproduction system
•did not seriously influence the test results. Listeners' ability to
repeat assessments was in general good, though sometimes two assessments
by a given listener of one degree of impairment were different by one
grade. This is reflected in the increased standard error, and may be an
indication of the difficulty in judging a particular test condition.
For comparison, -the results of Chapter 2 in which the same two circuits
were used, but without pre and de-emphasis networks, are presented again
in Figure 1$U The test programme used for the results in Figure 19 was
the one found to be most critical in those tests and was an excerpt of
5
male speech in which Harvard sentences were spoken: these sentences
have been designed to be phonetically balanced.
In practice, when programme items are chosen for subjective tests,
they are usually representative of typical broadcast material and it is 
usually found that one of the programme items used is more susceptible 
to a particular type of distortion. It is desirable that an objective 
test for non-linearity should provide results which give good correla­
tion with those obtained with a critical test programme item, even though
the most critical programme may be different for different types of non- 
linearity.
The data given in Figures 18 and 19, therefore, enabled the 
double comb-filter method of measurement to be studied in the context 
outlined above, and the results of this study are given in Section 6.5*
6.5. SUBJECTIVE-OBJECTIVE CORRELATION WITH THE DOUBLE COMB-FILTER METHOD
6.5 •'I- Introduction
Measurements of noise-separation by the double comb-filter method
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Fig. 19 - Average impairment grade versus relative gain for fMale 
Speech1.
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and of total harmonic distortion were made with the two test-circuits 
with and without the 5° us pre- and de-emphasis circuits. The results 
of these measurements were plotted against relative gain.
In order to study subjective-objective agreement, the results 
shown by plots of objective non-linearity measurement against relative 
gain were matched with plots of subjective impairment against relative 
gain and a graph of subjective impairment against objective distortion 
was then drawn. Ideally, this graph would be a straight line for each 
non-linear circuit, and a perfect result would be obtained if only one 
line were sufficient to describe all non-linear circuits. In practice 
this does not happen, but fairly straight lines can usually be obtained 
by a variety of distortion measurement methods, for a certain number of 
test circuits. The best correlation is judged to be obtained by a test 
method which gives the closest grouping of plots along a straight line 
of subjective impairment against objective distortion.
Certain parameters in the double comb-filter method were known 
to affect the resulting subjective-objective correlation and experiments 
were conducted to find the optimum parameter values. These were deter­
mined by plotting graphs of the type mentioned in the previous paragraph 
for various parameter values. The results of this optimisation procedure 
are presented in the next Section.
6.5*2. Optimum parameter values for the double comb-filter method
The parameters under study were: test-signal power, scaling
amplifier gain K (see Figure 15), test-signal base-frequencies, overall 
spectral weighting of the test-signal and spectral weighting of the 
distortion signal obtained by the comb-filters.
The best value of test-signal power was found to'be 3dBm, 
measured at point A in Figure 1. This signal power at point A gives a 
PPM reading of *6f which is also the nominal peak-programme-signal 
reading.
When amplifier gain K was optimum the spectrum of the test 
signal consisted of spectral lines which were all of equal power.
This form of test signal gave the maximum yield of distortion 
power as would be expected from theory (it was not certain before the 
experiments whether improved subjective correlation might be obtained 
by a different peak-to-raean ratio of the test-signal from that given 
by a value of K which produced equal spectral-line powers).
Test-signal base-frequencies of 152.6Hz and 109.8Hz were found
25
30
frequency, Hz
Fig. 20 - Test signal frequency shaping characteristics.
to give best subjective agreement. These were produced by m-sequence 
lengths of 2047 and 4095 respectively. Feedback details for these 
sequence generators are given in Appendix IV.
Frequency-dependent weighting of the test-signal was found to be
important, as it helped to reduce the spread in impairment attributable
to a noise-separation figure when taking into account both flat and
frequency-dependent non-linear effects. The optimum frequency-shaping
characteristic is shown by the pecked line in Figure 20. It was found
that the characteristic shown by the full line in Figure 20 could be
29produced by connecting a CCIR average programme weighting network in
series with a 50 us de-emphasis network, and this full line is a good
match to the pecked line over the test-signal frequency range. This
combination of 'standard* networks was therefore used in the final
version of the non-linearity test equipment. It is interesting to
note that this characteristic (full line in Figure 20) agrees closely
with plots of average programme spectra produced by the British Post
30Office in recent measurements of the power loading produced by sound 
programme signals for broadcasting.
It was found to be advantageous to modify the phase-frequency 
response of the test-signal weighting network by including four single­
section all-pass networks in tandem each having break frequencies of 
700Hz. This processing increased the PPM peak test-signal indication 
by approximately IdB for a given test-noise power.
No advantage was found in shaping the spectrum of the distortion 
signal output from the comb-filters.
Using the optimum arrangement described above, measurements of 
noise-separation against relative gain were made and the results are 
shown in Figures 21 and 22. Measurements were also made of the total 
harmonic distortion using a test-frequency of 1kHz (and test power of 
10 dBm at point A in Figure 1) and these results are plotted in Figures 
23 and 24.
These four Figures were then used in conjunction v/ith Figures 18 
and 19 in deciding which of these two non-linearity test methods gave 
results which provided best subjective agreement.
6.5.3* The double comb-filter method compared v/ith the total
harmonic distortion method: objective-subjective correlatio
The subjective measurements of distortion shown in Figures 18 and 
19 were combined (see Section 6.5*1) with the objective ones shown in
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Fig. 21 - Double comb-filter noise-separation versus relative gain 
for test circuits without pre and de-emphasis.
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Fig. 2 k - Total harmonic distortion versus relative gain for test 
circuits with pre and de-emphasis.
fFigures 21, 22, 23 and 2k to give Figures 25 and 26.
Figure 25 shows the measured spread in noise-separation against 
subjective impairment for two circuits, with and also without 50 us 
pre- and de-emphasis. Similarly, Figure 26 shows the measured spread 
for total harmonic distortion.
Taking grade 2.5 as a reference point for the comparison, Figure 
26 shows that the spread in total harmonic distortion is 23dB; it is 
apparent from the data shown that the routine total harmonic distortion 
method gives a very poor degree of correlation when more than one non­
linear circuit is being considered.
Figure 25, however, shows by the close grouping of plots (spread 
approximately 6dB at grade 2.5) that the noise-separation test gives 
much better correlation between subjective and objective measurement 
than does the total harmonic distortion method.
6.6. SINGLE AND DOUBLE COMB-FILTER METHODS: A LIMITED COMPARISON
BASED ON OBJECTIVE-SUBJECTIVE CORRELATION
This Section describes a limited comparison between the single 
comb-filter method and the double comb-filter method. It is limited 
in the sense that it applies only to two circuits, an operational 
amplifier type■'7^1 and a line receiving amplifier type AM?/^, and to 
one critical test programme, a male speech excerpt. Figure 27 shows 
the results for these two circuits: the spread is fairly representative
of the spread of results shown in Figure 11 which applies to the four 
circuits used initially.
It can be seen that both noise-separation methods give plots 
with a gradient of approximately 3dB per grade, and with spreads of 5&B 
at grade 2.5» The double comb-filter method is, however, a more sensitive 
objective method, as for a given subjective impairment grade, the noise- 
separation is approximately 7^B less than with the single comb-filter 
method. It may therefore be possible to either (a) use lower perform­
ance comb-filters with the double comb-filter method than with the 
single comb-filter method, or (b) maintain comb-filter performance and 
make use of the higher accuracy of objective distortion measurement.
Option (b) may be of interest if the noise-separation method is used 
for detecting variations in background distortion produced by equipment, 
as for' example in type-approval testing. (The maximum noise-separation 
obtained using delta-modulation comb-filters in the double comb-filter 
method was 5^dB, i.e. at least 17dB greater than that for which dis­
tortion would be audible).
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Fig. 25 - Average impairment grade versus double comb-filter noise- 
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6 . 7 .  C O N C L U S IO N S
The double comb-filter method of non-linearity distortion 
measurement provides a degree of correlation between subjective and 
objective assessments of programme impairment which is much better than 
that provided by a routine total harmonic distortion method. Initial 
tests applied to circuits whose non-linearity was not a function of 
frequency indicate that this correlation is at least as good as was 
earlier obtained with the single comb-filter method. In addition, the 
double comb-filter method has been studied using circuits with frequency 
dependent non-linearities, and an equally good degree of correlation has 
been obtained.
The double comb-filter method is instrumentally less complex 
and objectively more sensitive than the single comb-filter method* Its 
instrumentation consists mainly of digital shift register devices and 
it is to be expected that the future cost of instrumenting the method 
will fall. This should occur when suitable large-scale integrated 
circuits become available: the present trend is one of producing devices
with smaller cost per shift register element. With the advent of such 
devices it is possible that the cost of instrumenting the double comb­
filter method may be less than that of instrumenting the total harmonic
31distortion method. A patent application^ has been made to cover the 
use of this double comb-filter method.
CHAPTER 7
FURTHER POSSIBLE APPLICATIONS OF THE DOUBLE 
COMB-FILTER METHOD
7*1* INTRODUCTION
Research and development associated with audio-frequency systems 
usually involves accurate laboratory measurements of signal distortion. 
This distortion could be non-linear (e.g. amplitude-dependent loss or 
gain), or linear (e.g. frequency-dependent loss or gain) or a combination 
of both. These measurements are usually complemented with subjective 
assessments of the sound quality provided by each system. Much time and 
effort could be saved if the objective measurement also gave an accurate 
estimate of the sound quality, as this could reduce the number of subject­
ive tests required in an investigation.
So far in this thesis the double comb-filter method has been
developed mainly with the aim of using it in routine tests on analogue 0 
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sound-signal transmission circuits/yi It was decided that in order to
simulate the practical situation where non-linear distortion is produced 
by faulty amplifiers or by incorrect circuit gain settings,.a represent­
ative selection of signal amplifiers should be overdriven by various 
amounts.
In the development of an audio-frequency amplifier it is of 
interest to measure the degree of non-linear distortion which is present 
at signal levels below and near to overload. This could be done with 
the double comb-filter method as discussed further in Section 7*2*
Digital processing of sound signals is now frequently employed 
in audio-frequency work. Analogue to digital and digital to analogue 
converters are required and the quantising distortion of these units 
can be measured by a simple modification to the double comb-filter method 
as described in Section 7.3*
Magnetic tape and thermoplastic discs are widely used to record 
analogue sound signals. Both recording systems require the recording 
medium to be moved at a constant linear or rotational speed relative to 
the position of a transducer. It is essential that this constancy of 
speed is maintained when replaying the recording. If this is not the 
case then errors in the reproduced signal frequency will be present.
These errors are usually periodic, and in sound recording the low- 
frequency speed errors are known as "wow" and the high-frequency speed 
errors as "flutter1*. The application of the double comb-filter method
U U o
to the measurement of "wow" and "flutter” is described later.
The amplitude-frequency characteristic of an audio-frequency 
network can also be explored using the test-noise signal employed by 
the double comb-filter method and this possibility is discussed in 
Section 7*5*
7.2. MEASUREMENT OF VARIOUS TYPES OF NON-LINEAR DISTORTION
Signal amplifying circuits can exhibit several types of non­
linear distortion. For example the total harmonic distortion of an 
amplifier may, below the overload level, be independent of the applied 
signal level. This result would be obtained with a circuit which 
amplifies positive going signals more than or less than negative going 
signals. Another type is known as "cross-over” or origin distortion 
and in this case the total harmonic distortion increases when the applied 
signal level is decreased.
An additional type of non-linear distortion, known as transient
32intermodulation distortion, has been described by Otala. This type 
of distortion is generally not measurable using a 1kHz total harmonic 
distortion test. Transient intermodulation distortion can occur in an 
amplifier which does not incorporate an audio frequency low-pass filter 
in its first stage, and which may have a high degree of negative feed­
back. Essentially, this distortion occurs during periods when the rate 
of change of the input signal is too high for the feedback signal to 
follow faithfully. This causes an excessive error signal which over­
drives the input stage of the amplifier and intermodulation products are 
generated. A similar ’rate of change' dependent distortion can occur in
a delta modulator, and is known as slope-overload. It is interesting to
33note that Levitt and. others have determined a subjective threshold of 
perceptibility for slope-overload distortion of speech signals.
All these types of distortion can be measured using the double 
comb-filter method, but further work would be required in order to assess 
the correlation between subjective assessments and objective measurements 
of distortion.
The case where the distortion is independent of applied .signal
2level has been investigated by Wigan. His results should make it 
possible to use only objective tests with the double comb-filter method 
in an assessment of the subjective agreement at levels of distortion 
close to the subjective threshold of perception.
"Crossover" distortion might best be measured in the following
way.
First find the applied level of test-noise signal which just 
produces overload of the amplifier under test (e.g. a level of dis­
tortion which would correspond to just perceptible impairment of a 
sound-programme signal). Then make a measurement of noise-separation 
using a lower applied level: for example 30&B less. The optimum value
for this second applied level would be found by correlating measurements 
with subjective test results.
Transient intermodulation distortion pan probably be measured 
satisfactorily by the double comb-filter method, in view of the fact 
that the rate of change of the test-noise amplitude waveform has been 
found to be sufficient to provoke slope overload in a delta-modulator 
under the following conditions. When the test-noise signal level produced 
slope overload it was found that the peak-to-peak value of the noise wave­
form was equal to that of the sine-wave signal which had to be applied 
to just produce slope overload at 1^kHz. Therefore, if the maximum 
undistorted peak-to-peak value of.the noise signal at the output of the 
amplifier is less than the amplifier can provide with a low-frequency 
sine-wave, then the amplifier is producing transient intermodulation 
distortion.
7.3. MEASUREMENT OF QUANTISING DISTORTION
In Chapter A it was stated that a test-noise signal was found to
be useful for the measurement of quantising distortion in several digital
sound coding systems, and measurements of noise-separation placed the
systems in the same rank order as was decided by subjective tests. The
double comb-filter method also can be used to measure the quantising
distortion of a digital sound codec, and this application has been des-
31cribed in a patent specification originated by the author.
Quantising distortion is measured by making a simple modification 
to the test apparatus: one of the two p.r.b.s. signals is switched off,
and the then unnecessary second comb-filter is by-passed. In principle, 
products of non-linearity distortion will be hidden by the test signal, 
as it now consists entirely of harmonics of a base-frequency, but quan­
tising distortion will (with a high accuracy digital codec) have a noise­
like spectrum and this distortion will fill the spectral gaps of the 
p.r.b.s. spectrum. The comb-filter will remove the p.r.b.s. spectrum 
and allow the quantising noise level to be measured.
This method has the restriction that the noise of the comb-filter 
circuit must be significantly less than the expected level of quantising 
noise from the codec under test. This means that the test apparatus
cannot be used to measure very high accuracy codecs. A better solution 
to this measurement problem would be as follows.
Use the same p.r.b.s. test signal, and apply it to the input of 
the codec under test. At the digital output of the a.d.c. part of the 
test codec, insert a suitable digital processing unit (delay and sub­
tractor) which would act as a comb-filter to remove the digital signal 
corresponding to the p.r.b.s. input signal. The digital output from 
this processing unit would then represent the quantising noise of the
a.d.c., and this would be decoded by the d.a.c. part of the codec under 
test. As the quantising noise level is small in comparison to the out­
put amplitude range of the d.a.c., the d.a.c. performance is not tested 
to the full by this method, and indeed as only a few bits of' the d.a.c. 
range are excited, a lower accuracy d.a.c. could be employed just for 
the measurement of the quantisation accuracy of the a.d.c. This method 
has been found to be of use in BBC research practice.
A possible solution to the problem of testing a high accuracy 
d.a.c. might be as follows. It is first assumed that an a.d.c. of 
equivalent high accuracy is available, and that its level of quantis­
ing distortion has been measured by the method described in the preceed- 
ing paragraph. It is then necessary to provide a digitally generated 
signal, in p.c.m. form, which represents the p.r.b.s. signal used as a 
test-noise signal. This could possibly be done by suitable digital 
arithmetic and sequencing units, but the precise details of this unit 
have not been studied. The p.c.m. output signal is then equivalent to 
that provided by a perfect a.d.c., and when applied to the d.a.c. under 
test, the quantising distortion in the analogue output will be an indi­
cation of the quantising distortion of the d.a.c. This quantising dis­
tortion could best be measured by applying the analogue output from the 
d.a.c. to the input of the previously tested a.d.c. and the measurement 
of quantising distortion of the a.d.c. repeated. Any deviation from the 
previously measured level of quantising distortion must therefore be due 
to contributions from the d.a.c. under test. In this way the quantising 
distortion of a very high accuracy (16 bit for example) codec could 
possibly be measured. This proposal has not been studied experimentally.
The main reason for employing this method of measuring quantising 
distortion rather than other methods (e.g. the total harmonic distortion 
method or the noise-loading test9 ) lies in the fact that it allows 
quantising distortion to be measured separately from non-linear dis­
tortion, and is therefore of special interest in the testing of high- 
accuracy codecs.
7.4. MEASUREMENTS ON SOUND RECORDING SYSTEMS
As described in Section 7«^» speed unsteadiness in sound 
recording, and replay systems can introduce unwanted "wow" and "flutter" 
signals. These signals arise by frequency modulation of the reproduced 
sound signal.
When the double comb-filter method is used to measure the non­
linear distortion of these sound recording and replay systems, "wow" 
and "flutter" produces spectral components in the gaps of the test sig­
nal, and this can make it difficult to measure non-linearity components 
separately. More will be said about this later. The "wow" and "flutter" 
components can readily be measured by adopting the arrangement described 
in Section 7*3» used for measuring quantising distortion.
Only one p.r.b.s. signal and its complementary comb-filter are 
required. With this test signal, non-linearity products are hidden and 
only "wow" and "flutter" components appear in the spectral gaps. In 
practice it has been found that the recovered level of products generated 
by "wow" and "flutter" is much higher than the background noise of high 
quality recordings.
This method has been used to test professional quality tape- 
recorders, and typical figures for "wow" and "flutter" noise-separation 
are 33dB at 15 inches per second and 30^B at 7ir inches per second. No 
work has been done to compare these "wow" and "flutter" figures with 
those measured by more conventional methods and no subjective tests 
have been conducted to establish tolerable levels of "wow" and "flutter" 
measured by this new method.
One possible way of gaining an indication of the relative con­
tributions of non-linearity products and "wow" and "flutter" products 
in a double comb-filter measurement is to measure the noise-separation 
(with both p.r.b.s. signals and both comb-filters) at two applied 
signal levels, one at maximum and the other at a lower level. The 
transfer characteristic of a tape-recorder is known to be one where 
the degree o.f non-linearity reduces with applied signal level; therefore 
if the noise-separation does not change when a lower applied level is 
used, it can be concluded that "wow" and "flutter" products are higher 
in level than non-linearity products.
Possible modifications to the double comb-filter method to 
provide a better way of measuring non-linearity products in the presence 
of "wow" and "flutter" have been proposed by the author. Unfortunately 
no details of these modifications can be given here as they are at 
present included in a proposed patent application by the BBG.
During the experiments with tape-recorders, a useful way of 
checking the amplitude-frequency response of the record-replay process 
was found. The apparatus required consists of an audio-frequency sine- 
wave signal generator, an audio-bandwidth p.r.b.s. noise source, and an 
rms meter. A 1kHz signal is applied to the tape recorder at a signal 
level significantly below overload. Next this signal is removed and 
replaced by a p.r.b.s. signal applied at the same power level as the 
1kHz signal. On replay the power level of both signals is compared; for 
a flat response both should ,be of equal power. An example of a practical 
result is a power difference of 1dB found when amplitude-frequency errors 
occurred due to incorrect bias levels being used.
7.5. MEASUREMENT OF LINEAR DISTORTION
Linear distortion may be associated with distortion of an amplitude 
frequency characteristic or a phase-frequency characteristic. The 
measurement of linear distortion with a p.r.b.s. test signal may require 
the use of a correlator. It is in principle then possible to measure 
delay, and the degree of gain-phase matching of transmission circuits 
(as may be of interest in stereo or quadraphonic sound systems). The 
p.r.b.s. test signal is usually applied to the system under test at a 
level low enough to ensure that only the linear region of its transfer 
characteristic is explored. The application of correlation techniques 
in testing linear systems using a p.r.b.s. test signal is widely dis­
cussed in the literature, and with the advent of microprocessor units, 
fast-Fourier transform analysis is also practicable in a test apparatus.
There is therefore nothing novel in my suggesting the use of a 
p.r.b.s. test signal to measure linear distortion; the double comb­
filter apparatus is then merely a convenient source of a suitable test 
signal. Nevertheless this facility is useful as it should help to 
promote the widespread adoption of the double comb-filter method, as 
the test-noise signal generator is potentially able to fill most of the 
requirements of an audio test signal, used in enterprises such as the 
BBC and the Post-Office, that are at present met by a variable frequency 
tone-generator.
CHAPTER 8
CONCLUSIONS AND RECOMMENDATIOKS
This thesis has described experimental investigations which 
began early in 1972 and were completed by mid 1976* The novel parts 
of this work were developed during the period 197^ to 1976: the main
body of the thesis therefore deals with this work* Four patent appli­
cations have been made to cover the methods and instrumentation des- 
cribed.23’27’28’31
Two series of subjective listening tests were conducted to provide 
estimates of sound programme quality impairment due to non-linear distor­
tion* These tests were restricted to expert listeners only and to non- 
linearity which occured when circuits were over-driven.
Using the results of these tests, a study was made of the 
correlation which existed between measurements of non-linearity using 
methods which employed a noise-like test signal and subjective estimates 
of the impairment of sound programme signals due to non-linearity. In 
addition, measurements of total harmonic distortion were made using a 
BBC routine-test method, and the degree of correlation which existed 
between these total harmonic distortion results and subjective estimates 
of programme impairment v/as determined* This work confirmed that the 
routine test total harmonic distortion figure could not be used to esti­
mate the likely degree of subjective impairment with any degree of 
certainty, but all the methods investigated which used a noise-like test 
signal were found to give results which could give estimates of subject­
ive impairment that were in good agreement with those of subjective tests, 
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Three methods of using a noise-like test signal (or test-noise 
signal) were developed. The first method was simply a split-band 
arrangement: the test signal occupied two frequency-bands within the
audio range and non-linearity products were measured in the remaining 
spectral gaps with the aid of band-pass filters* A new technique v/as 
then developed which enabled a full audio-bandwidth test signal to be 
employed. This method had the advantage that the test signal could 
explore frequency dependent non-linearities, and was known as the single 
comb-filter method.
Two frequency shifters were required by the single comb-filter 
method, and a more economic test method was later proposed which obviated 
the need for these shifters. This was known as the double comb-filter 
method. This new method has the additional advantage that digital pro­
cessing can be employed in the major parts of the instrumentation. The
future cost of the double comb-filter instrumentation is therefore 
expected to fall as the production of large-scale digital integrated 
circuits increases and may result in the method costing less to instru­
ment than the total harmonic distortion method used at present.
The subjective agreement obtained with the double comb-filter 
method was found to be equally good for circuits with non-linearity 
which was not frequency dependent and for circuits where non-linearity 
was predominant at high signal frequencies, e.g. an f.m. sound broad­
casting system.
Possible ways are suggested in which this method could be applied 
. to the measurement of other types of circuit non-linearity (e.g. cross­
over distortion) and other sound system parameters (e.g. "wow" and 
"flutter", quantising distortion, linear distortion).
It is concluded that the aim of the project has been achieved, 
as an economical objective method of measuring sound signal non-linearity 
has been developed which also provides estimates of subjective impairment 
that agree well with those of subjective tests.
It is recommended that further subjective investigations be 
conducted using several groups.of expert listeners and a wide range of 
test circuits to corroborate the results reported in this thesis and to 
evaluate the applications proposed in Chapter 7*
The BBC is currently conducting operational field trials to 
evaluate more fully the use of the double comb-filter method in routine 
tests on sound signal transmission circuits and in tests on studio 
sound equipment. This work will involve the Research, Designs and 
Communications Departments of the BBC.
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APPENDIX I
SPECTRAL DISTRIBUTION OF INTERMODULATION PRODUCTS 
OF A FREQUENCY SHIFTED P.R.B.S. TEST SIGNAL
The single comb filter method of measuring non-linear distortion 
has been described in Chapter b* In this method, the test signal is 
formed by shifting each spectral component of a p.r.b.s. (m-sequence) 
signal by a fixed number of Hertz. The spectrum of this test signal 
consists of frequencies whose general frequency is given by equation (1)
ft = f1 + l.f (1)
f^ * is the repetition frequency of the p.r.b.s. signal and 1 is an 
integer. If there are m spectral components in the test signal then 
0 < 1 4  (m-1). In the single comb-filter method, f^ is less than f^.
It is assumed that the input-output transfer characteristic of
the non-linear circuit under test can be approximated by a power series.
Further analysis of the spectral distribution of intermodulation products
6is then facilitated using the work of Brockbank and Wass. Referring to
Section 9*^ of their paper it is seen that the frequency distribution of
t hintermodulation products due to an r order term is most easily arrived 
at by first considering the case for a second-order term.
With r = 2 each intermodulation product frequency is either the
sum or difference of the component frequencies of the test signal taken
only two at a time, i.e. (A+B) type products and (A-B) type products.
They show that the spectrum arising from (A+B) type products ranges from
twice the lowest frequency in the test signal to twice the highest
frequency, i.e. from 2f^ to 2(f^ + (m-1)fs) and that the products are
located at intervals of f Hertz between these limits.s
They show how the spectrum of the (A-B) type products can be 
obtained by translating the spectrum of the. (A+B) type products down 
in frequency by (f^ + (f^+(m-1)f )) Hertz.
In extending their method to higher order terms, they first state 
that, "the frequency of any product of order r is formed by adding the 
frequencies of (r-q) fundamentals, and subtracting the frequencies of 
q other fundamentals".
In the above case where r = 2, the (A+B) type products are
therefore obtained with q = 0, and the (A-B) type products with q = 1•
They show that all q = 0 type products of order r occupy the
frequency interval r.f. to r(f.+(ra-1)f )). In general terms, the
th s ,
frequency of an r order q = 0 product would therefore be (r f^+1 f )
» . t ‘ s
where i is an integer such that 0 1 ^  r(m-1)»
Their argument then shows that the distribution of other rth 
order products for which q,is non zero is obtained by translating the 
spectrum of the q = 0 products down in frequency by q (f^ +(f^+(m-1)fg)• 
The general frequency for an rth order intermodulation product f is 
therefore given by equation 2.
f,= rf1 + l'fg - q (2f1 + (m-1)fB) (2)
They state that, "values of q greater than -Jr are inadmissible,
I .
because a product for which q = q -g-r would be identical, except for 
a difference in sign, with a product already included in the class having 
the smaller number (r-q ) of negative components.'*
In section 3*4 of their paper they divide all distortion products 
into two Groups: Group 1 products arise only when r is odd, and Group 2
products arise when r is odd or even.
Continuing in their Section 9*4, "a case of particular interest 
occurs when r is odd and q = (r-1).M They then in effect state that
all resultant frequencies prefixed with a positive sign are Group 1
products. These facts are now used to study the frequency distribution
of Group 1 products in the single comb-filter method.
Substituting q = (r-1) in equation (2) we get:
f = r ^  + l' fg - rfn + f1 - )(m-1 )fg (3)
= f, + (l' - -J(r-1 )(m-1 ))£I s
Now 0 (m-1) and f *> f , therefore f is positive for
, s i
1 -J(r-1)(m-1), which is the condition for f to describe Group 1
products. As r is odd, equation 3 can be rewritten as:
f = + n. fg (k)
where n is an integer.
It is apparent that equation (4) describes the same spectral 
sequence as equation (1) and therefore it is concluded that in the 
single comb-filter method of measurement, Group 1 product frequencies 
are coincident with those of the test signal and are therefore hidden. 
Thus some measure of the effect of odd order terms is lost.
APPENDIX II
THEORETICAL COMPARISON OF DISTORTION VALUES FOR 
THE SINGLE.COMB-FILTER METHOD AND THE TOTAL 
HARMONIC DISTORTION METHOD
The calculations in this Appendix are intended to indicate the 
'rate of exchange' in dB between distortion measured by the single comb­
filter method (noise-separation) and distortion measured by the total 
harmonic distortion (t.h.d.) method, and also to indicate the maximum 
amount of resolution required of the comb-filter apparatus for it to be
useful in laboratory investigations.
The test signal for the single comb-filter method has a line 
spectrum where each line or 'tone' is equal in power and spaced in 
frequency by equal amounts. If the number of tones is large (greater 
than 30) and the input/output transfer characteristic for the non-linear 
circuit under test can be approximated by a power series, then Brockbank 
and Wass^ have shown that the distortion power produced by harmonic 
products is at least two orders of magnitude less than that produced by
intermodulation products. They have also derived Equation (1) which
gives the distortion power T generated from a multi-tone test signal 
of power P by an nth order term in the input/output power series.
In this equation, t is then the nth harmonic output-power produced by 
a sinusoidal input of fundamental power 1mW.
T = 2n”1 ni. t Pn (1)n
It is apparent from equation 1 that the total distortion power 
of a multi-tone test signal is, unlike the total distortion power of a 
single tone test signal, automatically weighted in favour of high order 
terms.
The 'rate of exchange' between noise-separation and t.h.d. in dB 
is most easily illustrated if it is assumed that the test power level 
for the noise-separation measurement is 1mW and is equal to the test- 
power level for the t.h.d. measurement. The noise-separation N is then
equal to 10 log ^ , and the t.h.d. D is equal to 10 log^Q t .
Equation 1 can then be used to give N in terms of D,
N (dB) = j D j - 3(n - 1) - 10 log ni (2)
Practical non-linear circuits of critical interest exhibit a
total harmonic distortion of greater than -60dB (or 0.1%)* With the \
comb-filter method, the measured noise-separation decreases markedly \
as the order of the non-linearity increases. For example, if D = -60dB \
and n = 2, then N = 5^dB; but if n = 3i N = *fOdB. Hence a pessimistic 
estimate for the measurement resolution of the comb-filter apparatus 
could be made here by considering the second order non-linearity; in 
order to measure the 5^dB separation to an accuracy of ^1dB the noise 
separation of the apparatus must be at least 60dB.
2It is interesting to note that Wigan1s work on a Weighted 
Distortion Criterion suggests that a weighted total harmonic distortion 
of between 10 and 20% would produce just perceptible impairment (grade 2). 
This degree of distortion could be produced by a circuit which gave between 
2.5 and 5% 2nd harmonic only.
Using equation 2, this becomes 26 to 20dB of noise-separation.
Not all the products of non-linearity can be measured by the single comb­
filter method and the measured noise-separation may, therefore, be less 
than the figures estimated using equation 2. Nevertheless, the estimated 
figures provide a useful guide in deciding the degree of noise-separation 
required in the experimental test apparatus.
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APPENDIX III
ANALOGUE TO P.C.M. CONVERSION BY WAY OF DELTA
MODULATION.
In 19^9? Goodman reported an analogue to pulse-code modulation 
(p.c.m.) converter design which makes use of a delta modulator to 
reduce the complexity of the converter. His design was intended for 
the encoding of telephone speech signals and did not provide the degree 
of performance required for encoding high quality sound signals.
A conventional delta modulator comprises two elements, one of 
which may be termed a comparator/latch circuit and the other an inte­
grator. Figure A1 illustrates this arrangement. The comparator/latch 
circuit has two analogue inputs and provides an output voltage corres­
ponding to a logical ’1* or *0* depending upon which input is receiving 
the larger signal. This output is provided at a predetermined sampling 
rate. The output of the comparator/latch circuit constitutes the output 
of the delta modulator, and is also fed back through an integrator to 
one of the analogue inputs of the comparator/latch circuit. The other 
input is the modulator input.
Goodman proposes the use of a digital low-pass filter with a cut­
off frequency equal to half the output p.c.m. sample rate followed by a 
digital integrator and resampler to convert the delta modulator output 
to p.c.m. Considerable care has to be exercised in the design of the 
digital integrator. In practice it has to provide just the right amount 
of leakage to avoid ’infinite1 gain at d.c. without unduly sacrificing 
loiv-frequency transmission.
The author of this thesis proposed an arrangement (patent applied
27for ) which avoids the necessity for a separate leaky integrator outside 
the delta modulator, and improved operation results from this simplifi­
cation. Figure A2 illustrates the arrangement. The delta modulator part 
of the converter differs from a conventional one in that the logical out­
put is fed back to a digital rather than an analogue integrator. This 
digital integrator consists of an up-down counter which counts up when, 
for example, a logical ’1* is present at its control input and down when 
a logical ’O' is present. The counter is clocked at the delta modulation 
sampling rate; it gives a p.c.m. signal which is then converted to 
analogue form using a conventional digital to analogue converter, and 
fed back to the appropriate input of the comparator/latch circuit.
The high bit-rate (product of p.c.m. word length and clock rate)
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Figure A2 Analogue to pcm conversion by way of
 delta modulation.
p.c.m. signal provided by the up-down counter is then converted, while 
conserving accuracy, into the required lower bit-rate p.c.m. signal 
by means of a digital low-pass filter. A suitable filter would be the 
uniform type employed in Goodmanfs converter.
The advantage of the arrangement described in the preceeding 
paragraphs stems from the fact that it is instrumentally more difficult 
to construct a high-accuracy, low-speed digital to analogue converter 
than it is to construct a low-accuracy high-speed digital to analogue 
converter. It is also instrumentally easier to construct a high-speed 
digital integrator than it is to construct an equivalent high-speed 
analogue integrator.
In a conventional delta modulator "step imbalance'* usually exists
as a result of the analogue integrator giving (for example) more weight
3 2*
to a logic *1* than a logical *0*. Iwersen has analysed the effect 
of the resulting sawtooth error waveform and has shown that it causes 
the quantising noise spectrum to be redistributed beneficially, effectively 
reducing the contribution at audio frequencies. This, partly advantageous, 
step imbalance cannot however be obtained in a digital integrator. This 
problem was solved by adding a triangular-wave "dither" signal to the 
analogue input of the delta modulator, simulating the effect of "step- 
imbalance". (This aspect of the converter is covered in a second patent 
application?^)
The performance of this converter may be illustrated by way of 
the following result achieved in a practical system. Genuine 13 bit 
32kHz p.c.m. sound signals have been produced by the proposed converter 
using a delta modulator with a sampling frequency of 20MHz and a 9 hit 
digital to analogue converter in its feedback loop.
APPENDIX IV
i
CIRCUIT DETAILS FOR MAIN ITEMS IN DOUBLE COMB-FILTER APPARATUS.
Figures A3 and kk (a), (b), (c), describe the main items in the 
test apparatus. No details of the shift registers employed in the comb­
filters are given as there are many shift register devices which would 
be suitable. The circuit details of the standard frequency-weighting 
network used in the test signal generator can be found in reference 29*
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